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Abstract
This thesis investigates the transient measurement and analysis of 
brass musical instruments. The experimental apparatus of Deane (1986) 
has been substantially revised and developed to allow accurate 
determination of the input impulse response of instruments up to 8kHz.
The inverse problem of calculating the bore of an instrument from 
its impulse response has been studied with good success. The bores of 
trumpets have been accurately determined to within 0,1mm up to the bell 
section where the flare is too great for the algorithm to be valid.
Further developments have been made to the application of 
transient measurements to the manufacturing environment. The apparatus 
has been shown to detect valve misalignments as small as 0.25mm.
A modified apparatus has been developed to allow determination of 
the input impedance of instruments from transient measurements. The 
shape of the the calculated impedance curves show good agreement with 
measurements made in the frequency domain although absolute calibration 
shows errors related to truncation of the transient responses.
The internal field of a French Horn bell is studied with the 
results presented in a series of space-time and space-frequency 
diagrams. This technique allows detailed examination of the shape of an 
impulse travelling through the horn.
Finally, the relationships between impedance, impulse response and 
bore have been analysed to form the foundations of a Computer Aided 
Design technique for brass instruments.
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Chapter 1 : The Acoustics of Brass Instruments
1,1 Introduction
Brass musical instruments such as the trombone or trumpet are 
acoustical devices: from the input of a player they generate sound 
waves which can be perceived by an audience. The actual sound that the 
audience hears is dependent on several contributing factors: the way 
the instrument is played, the acoustics of the listening room and the 
instrument itself. It is well known that half a dozen trumpets played 
by the same musician in the same room can sound quite different to an 
audience, small differences in the design of each instrument leading to 
variations in the perceived tone.
In addition to having its own tonal characteristics, a particular 
instrument will impose its own Teel5 on the musician and will 
therefore be played in a particular way. A musician may have to make 
subtle changes in his technique to get several instruments to sound the 
same.
When it comes to the design of brass instruments it is clear that 
there are many factors to consider. The concept of the ’ideal’ 
instrument is a relative one as an instrument that suits one musician 
may be regarded as difficult to play by another. The primary design 
criterion must therefore be the ability to construct an instrument 
that best suits the demands of the particular musician who has 
ordered the instrument. A good understanding of the whole field of 
musical instrument performance is thus required and this must include:
(i) The acoustics of the instrument,
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(ii) The player-instrument interface, and
(iii) T h e  r a d ia t io n  o f  s o u n d  in to  t h e  l is t e n in g  roo m .
These three aspects are very much inter-related, for example, the 
way the musician plays, (ii), depends largely on what he hears coming 
from the bell, (iii). Item (i) is the only one to be discussed at 
length in this thesis, with an emphasis on the physical rather than 
subjective aspects.
1.2 Acoustic measurements on Instruments
The scientific study of an instrument’s acoustics involves the 
measurement and prediction of its acoustical properties, so as to 
understand how they work and how to build an instrument with particular 
physical and musical qualities.
In the frequency domain it is possible to measure acoustic 
pressure, P(w), and volume velocity, U(w), (the acoustic analogies of 
voltage and current), at both input and output to give the standard 
quantities:
(i) Input Impedance : Z(w )in  = P (w )in /U (w )in  
(if) Output Impedance : Z (w )ou t = P (w )o u t /U (w )o u t
(iii) Output Transfer Function : OTF(w) = P (w )o u t/P (w )in
(iv )  R e f le c t io n  c o e f f ic ie n t  : R (w ) = P (w )refl/ P ( w )inc
( v ) Transmission coefficient : T(w) ~ P (w )tra n s /P (w )in c
All the above quantities have been defined in the frequency 
domain, as functions of angular frequency, w. Through Fourier 
Transformation of these, or by direct transient measurement, their 
time-domain counterparts can be derived:
(i) T im e d om ain  I n p u t  im p e d a n c e  : z (t)iN *u (t)iN  = p (t)iN
(ii) Time domain Output Impedance : z(t)ouT*u(t)ouT = p(t)ouT
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(iii) O u tp u t  Im p u ls e  T r a n s f e r  R e s p o n s e  : o it r ( t )* p (t ) iN  = p(t)ouT
(iv) Input Impulse (Reflection) Response : iir(t)*p(t)iNC = p(t)&EFL
(v) Output Impulse (Transmission) Response : oir(t)*p(t)iNC =  p > ( t ) t r a n s
Table I summarises the notation and relations used throughout this 
thesis.
Iir(t) has been referred to as the ’Reflectance5 by Sondhi &
Resnick (1983), and as the ’Reflection Function5 by Schumacher (1981).
Of all these quantities it is the input impedance that is the most 
widely used and its interpretation in terms of the musical quality of 
instruments has developed accordingly. However, we are far from being 
able to say precisely how a given input impedance curve relates to the 
subtle tonal and playing characteristics of an instrument, Smith 
(1988). Its widespread use, however, makes it very valuable as a 
comparative measure of different instruments.
The output transfer function is measured less frequently but 
remains a useful quantity as it allows, amongst other things, the 
calculation of radiated sound for a given input.
The ’impulse response’ is mentioned quite frequently in the 
musical acoustics literature as a function which gives an alternative 
view of the acoustics of an instrument from that given by the 
impedance. It is generally regarded as the Fourier Transform of the 
input impedance, illustrating the time domain behaviour of the 
instrument, and can be regarded as the temporal pressure variation 
observed when the total volume velocity signal is a delta function.
This means that the volume velocity signal must initially be a delta 
function and zero thereafter. This can be achieved by terminating the 
input of the instrument with a high impedance (totally reflecting 
plane) through which an impulse of volume velocity is injected. If the
1.3
Table I
S um m ary  o f D e fin itio n s  a n d  N o ta tion
Time Domain F r e q u e n c y  Domain
I n p u t  Im p u lse  R e sp o n se  
p(t)REFL=iir(t)*p(t)iNC <=FT=>
O u tp u t Im p u lse  R esp o n se
p(t)TRANS=Oir(t)*p(t)lNC <=FT=>
R eflec tio n  C o e ffic ie n t 
P (w )r e fl= IIR (w ) .P (w )in c
T ra n sm iss io n  C o effic ien t 
P (w )tran s“ O IR (w ).P (w )in c
Time Domain Im p e d a n ce  F re q u e n c y  Domain Im p ed an ce
p(t)lN=z(t)lN*u(t)lN <=FT=> P(w)lN=Z(w)lN.U(w)lN
N o n -re f le c t in g  S o u rc e :-
p (t)iN = 6(t)+ iir(t)  <=FT=> P (w )in=1+IIR(w )
Z o .u (t)m = 6 (t)-iir( t)  <=FT=> Zo.U (w )in= 1-IIR (w )
Z (w )in —Zq. ( l+ IIR (w )) / ( l - I IR (w ) )
T o ta lly  R e f le c tin g  S o u rc e  a t  I n p u t : -  
p (t)iN = 5(t)+ iir’(w) <=FT=> P(w )m =l+IIR , (w)
Z o .u ( t)= 6 (t) - iir ’( t)  <=FT=> Zo.U (w )in= 1-IIR ’(w )
Z(w )in=Zo.(1+IIR ’(w ))
*  d e n o te s  c o n v o lu tio n . Q u a n tit ie s  on  e i th e r  s id e  of th e  
<=FT=> sym bol a r e  r e la te d  b y  th e  F o u r ie r  T ra n sfo rm .
plane is then instantly sealed then the volume velocity signal measured 
thereafter must be zero as the measuring point is on the plane itself. 
This ’Impulse Response’ is termed the Time Domain Input Impedance, 
z(t)iN, in this thesis.
Apart from z(t)iN there is a number of useful impulse 
measurements that can be made; iir(t) and oir{t) are mentioned above as 
two of the main ones. Much though time domain analysis has become 
popular for theoretical models of mouthpiece pressure waveforms and the 
like, there are few examples in the literature of time domain 
measurements. The usual ’impulse response’ measured is the mouthpiece 
pressure response to a spark pulse applied in the mouthpiece itself.
This response, when deconvolved, is proportional to z(t)iN and is 
defined later in this Chapter as 6(t)+iir’(t). Other time domain 
quantities such as iir(t) are normally calculated from a measured 
Z(w ) i n  and inverse Fourier Transformed to the time domain.
1.2.1 Frequency and Time Domain Measurements
The input impedance and transfer function are frequenc}?- domain 
concepts; the acoustic variables are measured for each frequency of 
interest. Such measurements tend to be rather time consuming if good 
resolution and large bandwidth are required. Impulse measurements, on 
the other hand, have the advantage that all frequencies are dealt 
with simultaneously, allowing greater efficiency in data acquisition.
With recent advances in signal processing and computer techniques the 
time domain approach has become very popular for acoustical 
measurements,
1.3 Measurement Quantities
Table I lists the definitions to be discussed here and the 
relationships existing between frequency and time domain quantities.
1.4
The fundamental aspects of the main measurement quantities and their
inter-relationships are now discussed in detail.
1.3.1 Input Impedance
Z(w )in  = P (w )in /U (w )in  
This is simply the ratio of acoustic pressure to volume velocity,
where the volume velocity is calculated as particle velocity
multiplied by S(x), the cross-sectional area of the tube. It is not 
uncommon for U(w) to be replaced by V(w), the particle velocity, in 
which case the impedance differs by a factor of S(x).
There are several different ways of measuring the impedance, the 
most common is to keep the volume velocity input constant and measure 
the pressure variation with frequency which is then proportional to the 
impedance. Calibration, however, is often neglected with this method, 
the impedance ’profile’ being regarded as sufficient to detail the 
instrument. It is common, however, for the magnitude of the impedance 
to differ by a factor of two between different instruments and this can 
have a significant effect on instrument performance.
An alternative method is to measure both the pressure and volume 
velocity whereby calibration is easily facilitated and the requirement 
of constant volume velocity input is avoided,
The precise measuring point also varies from the plane of the 
mouthpiece rim to the mouthpiece throat, each position having a 
different effect on the measured impedance. So comparison of impedance 
results made on different systems must be done with care to avoid 
inherent discrepancies in the measured quantity.
1.3.2 Output Transfer Function
O T F {w ) = P ( w ) out/ P ( w ) in
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This quantity is essentially the frequency response of the 
instrument where the measuring points are at the output (usually 
defined as on axis, one bell radius from the plane of the end of the 
bell) and the input where the same ambiguity exists as for the 
impedance. This quantity is useful as a measure of the sound radiated 
from the bell if one can specify a realistic input.
1,3.3 Impulse Responses
Being the main quantity of interest in this study the impulse 
response has been looked at in detail and the definitions to follow do 
not necessarily follow the current trend in notation.
1.3.3.1 Time domain input impedance
The ’Impulse Response’ is usually regarded as the Fourier 
Transform of the Input Impedance, whereas in this thesis the transform 
of impedance is called the Time Domain Impedance, z(t)iN. This 
function, although normally measured in the frequency domain, can be 
determined from time domain measurements of pressure and volume 
velocity by using the relationship
z ( t ) i N * u ( t ) i N  = p (t ) i n
Alternatively, if the total volume velocity signal is a delta 
function, the time domain impedance is simply the pressure variation 
with time. These correspond to the two methods of measuring the 
impedance in the frequency domain.
The term ’Impulse Response’ essentially applies to any function 
that results from the application of an impulse of the measured 
quantity. This can apply to reflection, transmission, transfer or 
impedance functions.
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1.3.3.2 Output Impulse Transfer Response
The Fourier Transform of the Output Transfer Function is here 
defined as the Output Impulse Transfer Response:
oitr(t) 4 p(t)iN  = p(t)ouT
Again this is primarily a frequency domain concept but its time 
domain form can be derived or measured and may give some useful extra 
information.
1.3.3.3 Input Impulse (Reflection) Response
Fourier Transformation of the complex reflection and transmission 
coefficients give what are generally termed the reflectance and 
transmittance. However in this thesis they are referred to as the input 
impulse (reflection) response and the output impulse (transmission) 
response. Furthermore, as the former is the primary measurement to be 
discussed in this thesis, it is simply termed the (input) impulse 
response:
iir(t)*p(t)iNc = p(t)nEFL
Iir(t) is best looked at in the following way. Assume the 
instrument is connected smoothly at its input to a semi-infinite tube.
An impulse of acoustic pressure travels along the tube into the 
instrument. Iir(t) is the signal that is reflected back down the tube.
1.3.3.4 Output Impulse (Transmission) Response
The Output Impulse (Transmission) Response can be viewed as the 
response at the output to an impulse of acoustic pressure applied at 
the input, where a matched source condition exists.
O ir(t) * p (t)lNC = p(t)TRANS
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Another useful function, iir’(t), is the pressure response at the 
input to an impulse generated from a totally reflecting source at the 
input of the instrument; this function does not include the input 
impulse. This is a special source condition, note that iir(t) is a 
function that is independent of any source conditions applying,
This terminology will be maintained throughout this thesis.
1.4 Input Impedance and Input Impulse Response
There exists a useful relationship between iir(t) and Z(w )in  which 
will be used later in the section on determining Z(w )in  from transient 
measurements.
Assume a delta function of pressure enters the instrument from a 
non-reflecting source, then
p(t) = 6 (t) + iir(t)
Zo.u(t) = 6(t) - iir(t)
In the frequency domain this gives
P(w) = 1 + IIR(w)
Zo.U(w) = 1 - IIR(w)
From which the input impedance is given by 
Z ( w ) in = Zo. (1+IIR( w))/(l-IIR(w))
1.5 Advantages of the time domain approach
Measurement of the frequency domain quantities discussed above; 
ie:- input impedance and transfer function, are time consuming to 
perform and generally require careful set-up and calibration. It is 
possible to obtain the time domain quantities of interest from these by 
Fourier Transformation, but the set up of a ti*ansient measuring 
apparatus allows these quantities to be measured more quickly and opens
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up the general field of transient analysis for investigation. For 
example, the impulse apparatus allows not just the measurement of input 
or output impulse response but also the internal transient field of the 
instrument as is shown in Section (5.2). Measurement of the shax>e of a 
transient as it travels through the instrument gives a good insight 
into the physics of wave propagation in tubes and horns.
Having decided on the time domain approach the question arises 
’what is the best quantity to measure?’. There are several alternatives 
in terms of input signal, measuring £>oint(s) etc. such as tone bursts, 
time delay spectrometry and so on. The advantage of iir(t) is that from 
this quantity we can calculate the input response of an instrument for 
any input simply by convolution of iir(t) with a given input signal and 
any chosen source reflection function.
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Chapter 2 : Review of the field of research
The acoustics of brass wind instruments has received much 
attention from researchers over the years, the aim being to understand 
how sound waves propagate within the instrument, how sound energy is 
radiated by the bell and how the player interacts with the instrument. 
The ultimate goal is to understand what makes a particular player 
prefer one instrument to another so an instrument can be built for that 
player that has the right ’feel’ and ’tone’. As mentioned in Chapter 1, 
the whole problem of instrument performance can be broken down into 
three basic research areas:
(i) Instrument acoustics,
(ii) The player-instrument interaction, and
(iii) the influence of the listening room.
2.1 Frequency domain Work
2.1.1 Measurements
The acoustics of the instrument alone is generally regarded as 
being well illustrated by the input impedance, the ratio of pressure to 
volume velocity at the input (mouthpiece or leadpipe) of the 
instrument. This quantity can give a good idea of the intonation of 
the instrument and with careful interpretation can be used to predict 
the playing characteristics of the instrument. It has become the 
standard acoustical measurement of the wind instruments and its 
widespread use allows comparisons to be made between different 
instruments.
2.1
The measurement of input impedance has received much attention in 
the literature and two main techniques have developed. The capillary 
tube method is discussed by Backus (1976) and Causse et al (1984) 
whereby a loudspeaker is coupled to the mouthpiece of the instrument 
via a capillary tube and therefore represents a high impedance source.
A constant volume velocity input is generated and the measured pressure 
variation with frequency in the mouthpiece is thus proportional to the 
impedance,
The other method discussed by Pratt et al (1977) involves 
measuring both pressure and volume velocity in the throat of the 
mouthpiece. This method permits absolute calibration of the apparatus, 
an important point as the impedances of two different instruments can 
have the same profile but differ by a factor of two or so in 
amplitude.
Both methods provide accurate results but discrepancies arise due 
to the different measuring points. A mouthpiece correction is required 
on one to allow accurate comparison with the other. The two methods are 
compared in depth in Dalmont et al (1987).
2.1.2 Theory
The prediction of input impedance has also received considerable 
attention. Analytical solutions of the impedance are available for 
simple duct shapes like the cylinder, cone and exponential horn but 
instrument geometries are too complicated to be treated in the same 
way. The preferred method of solution is to approximate the bore of the 
instrument with equally spaced cylindrical sections and use the 
transfer matrix of the cylinder to calculate the impedance seen at the 
input due to the duct shape and radiation impedance. This method is 
well discussed by Plitniek and Strong (1979) and Causse et al (1984) 
who chose to use truncated cones as the element shape to give faster
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convergence. The flute has been modelled in this way by Strong et al
(1985) and Ando & Ohyagi (1985) used a similar technique in their study 
of the shakuhatchi.
2.2 Time Domain work
2.2.1 Measurements
On the measurement side the impulse response generally discussed
\ r
in the literature can be expressed as (8(t)+iir’(t)):~ the total 
pressure signal' measured in the plane of a totally reflecting source 
at the input of the instrument resulting from application of an impulse 
of acoustic pressure. Typically what is measured is the pressure 
response to a spark pulse in the mouthpiece and none of the results 
presented in the literature appear to be deconvolved. The Fourier 
Transformation of (6(t)+iir5(t)) gives a quantity that is proportional 
to the input impedance Z(w). This is a widely used relationship and a 
measured input impedance is often inverse Fourier Transformed and 
called ’the impulse response’.
Benade & Smith (1981) measured (5(t)+iir’(t)) using a spark source 
in the mouthpiece of a trombone and a tuba and used the Fourier 
Transform to give the input impedance. However, the results were not 
deconvolved or calibrated. Still, it remains the first real attempt to 
estimate the input impedance from transient measurements. Agullo (1986) 
measures (6(t)+iir’(t)) in essentially the same way and also calculates 
it from the impedance. Ibisi & Benade (1982) describe a ’low-cost’ set 
up for measuring the transient response with a piezo-electric source. 
Other reports of transient measurements are found in Ishibashi & 
Idogawa (1988) & (1987), Elliott (1979), Goodwin (1981) and Deane
(1986) who makes the first real attempt at deconvolution and 
investigates the effects of source location and reflections. Watson &
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Bowsher (1987) & (1988) described a new apparatus for measuring iir(t) 
which permits accurate deconvolution and bore reconstruction.
2.2.2 Theoretical work
In the last ten years or so there has been a change in research 
direction with the increased popularity of transient analysis. Two 
papers, Schumacher (1979) and McIntyre & Woodhouse (1979), were written 
in collaboration and examine the waveforms in the bowed string by 
replacing the non-linear integral equation developed by Schumacher
(1978) by a time domain convolution integral of input impedance, z(t), 
with volume velocity, u(t). Schumacher (1981) followed this up with a 
similar study of the mouthpiece pressure in the clarinet and replaced 
z(t) in the integral with what is termed the reflection function r(t).
This was done to improve the efficiency of calculations as r(t) decays 
much more quickly than the z(t). R(t) is the Fourier Transform of the 
reflection coefficient of the instrument and is the same function as 
iir(t), the main subject of this thesis.
Schumacher obtained the form of r(t) by calculating the input 
impedance in the frequency domain by the method of Plitnick & Strong
(1979), deriving the reflection coefficient and inverse Fourier 
Transforming to the time domain.
McIntyre, Schumacher & Woodhouse (1983) then produced a general 
summary of the convolution integral approach, giving examples for both 
the bowed string and wind instruments.
More recently the time domain approach has been adopted by Hoekje 
& Benade (1986), Lee & Ayers (1986), Ayers et al (1985) and Ayers & 
Eliason (1985) & (1986). In the latter the authors adopt a space-time 
approach to investigate the internal field in woodwind instruments and 
describe in principle a method of calculating iir(t) in the time domain 
using multiple convolutions. This method has been adopted by this
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author in Section (3.2.2) and the Space-time approach is implemented 
in Section (5.2). Goodwin (1981) and Deane (1986) also describe models 
for the input impulse response of trombones.
2.3 Theory of propagation in tubes and ducts
The theoretical treatment of propagation in brass instruments 
requires understanding of propagation in cylindrical tubes, in tubes of 
variable cross-section, in discontinuities in section, i . e. . ,sudden 
expansions and constrictions and also of radiation effects. In addition 
a g'ood model of the instrument should take account of propagation 
losses, temperature effects and possibly non-rigid walls.
2.3.1 Losses in tubes
An excellent review of the available models for predicting sound 
propagation in tubes including losses and pressure and velocity 
profiles is given in Tijdeman (1975), and the most useful models are 
described below.
It is generally regarded that the complete solution for sound 
propagation in tubes was produced by Kirchoff (1868) in which the full 
Navier-Stokes, continuity and energy equations are solved to give a 
complex transendental frequency equation. Unfortunately, this equation 
does not lend itself to further analytical treatment, so it has either 
to be solved numerically or simplifying assumptions have to be imposed 
to allow derivation of useable approximate analytical solutions.
Approximate solutions are given by Kirchoff (1868) himself, for 
"wide" tubes where viscosity and thermal conductivity effects are 
included, Rayleigh (1896) for "narrow" tubes and including viscous 
effects only, and Weston (1953) who produced higher order 
approximations for "narrow-wide", "wide-narrow", "wide-very wide", and 
"very wide" tubes. These terms relate to the size of the tube radius
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relative to sound wavelength.
Alternatively, the basic equations can be simplified to allow 
complete analytical treatment. Zwicker & Kosten (1949) derive a 
solution that passes continuously between the solutions of Rayleigh and 
Kirchoff. Tijdeman termed this the low reduced-frequency solution in 
his study and it turns out that this is the most useful solution to 
date. Other solutions are given by Iberall (1950), Karam & Franke 
(1969) whose solution, termed ’high frequency’ is similar to that of 
Kirchoff, Kerris (1939) and Rohman & Grogan (1957). The latter two are 
found by Tijdeman to be rather innacurate.
Numerical solutions have been presented by Tsao (1968) who used a 
finite difference scheme based on the same simplified basic equations 
as Zwicker & Kosten. This solution is particularly Interesting as it is 
derived in the time-domain. Gerlach & Parker (1967) and Scarton & 
Rouleau (1973) used the method of eigenvalues to show the effects of 
higher order modes but temperature effects are neglected in both cases. 
Shields et al (1965) and Tijdeman numerically solved the complete 
Kirchoff equation, for the fundamental mode only, to produce the most 
complete solutions so far.
A useful group of solutions has come from the field of fluid 
mechanics, with reference to pressure transients in pneumatic networks, 
which are of value as a time-domain approach is generally used.
Solutions are given by Brown (1962), Walker & Philips (1977), Holmboe & 
Rouleau (1967), Trikha (1975) and Achard & Lespinard (1981). A very 
precise solution is that of Mitra & Rouleau (1985) who solved the 
complete Navier-Stokes, continuity and energy equations for transients 
in liquid transmission lines.
A most useful paper is that of Keefe (1984) who gives approximate 
expressions for the characteristic impedance and propagation wavenumber
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to an accuracy of 1% for most frequencies and tube diameters.
2.3.2 Ducts of variable cross-section
The study of non-uniform ducts, particularly variations in cross- 
sectional area has received attention, largely the study of noise 
levels in duct systems, propagation in turbo-fan aircraft engines and 
radiation from duct terminations.
Alfredson (1972) calculated the sound field in horns by 
approximating the horn shape by a series of regularly spaced 
concentric cylinders. The equations governing propagation past each 
discontinuity and along each section are solved and the model predicts 
the radiated sound field to good accuracy. The duct termination is 
modelled as an unflanged circular cylinder. The main limitation of this 
approach is the high dimensionality of the numerical problem which 
leads to inefficiency when additional effects such as wall properties 
are taken into account.
Eversman et al (1975) use the method of weighted residuals 
(Galerkin’s method) to investigate multimodal propagation where general 
duct shapes can be accommodated. This paper includes the first 
published results for lined ducts of variable cross-section in the 
multimodal case. Nayfeh et al (1975) presented an asymptotic solution 
for transmission and attenuation of acoustic waves in an annular duct 
of slowly varying cross-section. Estimates are given for the effect of 
variations in cross-section and boundry layer growth on the various 
acoustic modes,
Quinn (1975) developed the finite difference method and compared 
computed pressure profiles within various horn shapes to the 
analytical solutions of Morse (1948) with good agreement although the 
bore variations considered were so slight than the plane mode only
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would be propagating.
Later, Quinn (1977), adopted an analytical approach and introduced 
the integral equation technique to the subject. Duct shapes such as the 
conical and catenoidal horns were studied with a considerable saving in 
computation time compared to the finite element technique. Astley & 
Eversman (1978) investigated the finite element method and compared it 
to the analytical method of weighted residuals with good agreement and 
comparable computational efficiency. Cho & Ingard (1982) derived an 
approximate wave equation analogous to quantum mechanics to investigate 
higher order mode propagation including spiralling modes, Duct shapes 
such as the circular converging-diverging are treated as equivalent to 
potential barriers.
Hamdi & Ville (1986) used integral equations to predict noise 
radiated from finite length ducts. In the field of fluid mechanics 
Terrill (1986) derived analytical solutions to the Navier-Stokes 
equation for the case where the cross-section varies slowly in the 
axial direction.
2.3.3 The Inverse Problem
The inverse problem consists of determining the area function of a 
tubular system from its transient response. The area function is the 
variation in cross-sectional area as a function of distance along the 
axis of the system.
Sondhi & Resnick (1983) made a useful contribution in this field 
by describing two algorithms to determine the area function of the 
vocal tract, one working from the input impedance and the other from 
the step reflectance (the integral of iir(t), or physically the 
response of the system to a unit step of acoustic pressure). They also 
present two methods of taking losses into account; one involves simply 
correcting the transient response with a time dependent scale factor
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and the other includes several loss functions into the algorithm which 
must be estimated by the user.
An alternative approach adopted by Sidell & Fredberg (1978) and 
Jackson et al (1977) treats the tube system as a series of coaxial 
cylinders of equal length. A given point in the measured impulse 
response comprises contributions from primary, secondary and higher 
order wave paths, The two models use the algorithm of Ware & Aki (1969) 
to deduce the area function directly from the impulse response. The 
main limitation of this approach is the high dimensionality of the 
method, many hundreds of possible wave paths are considered which makes 
the inclusion of losses rather difficult.
Both methods are discussed in detail in Section (5.3). Elsewhere, 
the problem has been studied by Descout et al (1976), Touisig’nant et 
al (1979) and Stansfield & Bog'ner (1973).
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Chapter 3 : Theory
When a time domain approach is taken to the measurement of 
instruments it is useful to be able to predict the transient effects 
o f interest. Primarily, a model is required to predict iir(t) for  
instruments and general tubular systems.
3.1 Impulse propagation in tubular systems
It is worth diverging slightly here to investigate the basics of 
impulse propagation in tubular systems.
3.1.1 Losses
Consider a plane impulse travelling down an infinite cylindrical 
tube. In the absence of losses the impulse shape does not change and 
the impulse travels at the velocity  of sound in free space. When losses 
are present, mainly v iscosity  and heat conduction, the impulse suffers 
a frequency dependent attenuation as it travels down the tube. This 
leads to a reduction in amplitude with distance and the development of 
a tail to the pulse. Fig.(3.1) illustrates this e ffect nicely, it shows 
the results of a measurement of pulse propagation over distances of 2,
4 and 6m. An arbitrary pulse was measured after travel o f the three 
distances and deconvolved with the same pulse measured at the reference 
position (Om). Fig.(3.2) shows the frequency spectra o f the three pulse 
shapes of F ig.(3.1).
3.1.2 Discontinuities
Whenever there is a change in impedance in a tube system, arising 
mainly from changes in cross-section , transmission through the
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Fig.(3.1) s XmpulBe shape after propagation over distances of 
i 4 and 6m along a cylindrical tube of 6.3mm radius.
Amplitudedin.scale)
Frequency
Fig.(3.2) j Impulse spectrum after propagation over distances 
2, 4 and 6m along a cylindrical tube of 6.3mm radius.
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impedance change is impaired and energy is reflected back towards the 
source. In the simple case o f a change in section of a cylindrical tube 
from SI to S2 then the situation is accurately described by  the plane- 
wave reflection coefficient
R a (S1-S2)/(S1+S2)
An expansion causes a reflected  pulse of negative amplitude (180° 
phase change) and a constriction causes a positive reflection (in 
phase). An open-ended tube (at low frequencies) gives a total negative 
reflection and a closed tube a total positive reflection. Obviously 
when S1=S2 the reflection coefficient is zero*
Fig, (3.3) shows the measured impulse response of a tube expansion 
from 6.3 to 15.25mm radius. In the plane-wave, lossless case this 
should give a reflected impulse of amplitude -0.71. The measured value 
is roughly half this due to losses and windowing effects in the 
deconvolution procedure. The figure shows clearly the secondary 
reflections caused by multiple reflections between the expansion and 
the open end.
Fig.(3.4) is the same for a tube constriction from 6.3 to 3.85mm 
radius. The predicted impulse reflection coefficient in this case is 
0,46. The small ripples immediately either side of the reflection are 
caused by the application of a high frequency Half-Hanning window to 
reduce noise in the deconvolution procedure. The use o f windows in 
signal processing is discussed at length in Chapter 4 :- ’Determination 
of the Input Impulse Response of Instrum ents.’
3.1.3 Bends
The lower pitched brass instruments such as the trombone or tuba 
have an overall length of 3m or so. To keep them within reasonable
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Fig.(3.3) : Measured iir(t) of a tube expansion from 6.3mm to
‘ 15.25mm radius.
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TI m e (m s )
i Fig.(3.4) s Measured iir(t) of a tube constriction from 6.3 tol
• 3.85mm radius.
overall dimensions it is necessary to introduce bends. The usual 
solution is to have a bend in the shape of a cylindrical ring or tore. 
Where the bend is fairly sharp the length of the bend along its centre 
line and its cross-sectional area do not correspond to the acoustical 
length and area. This e ffect influences the tuning of the instrument 
and so such bends must be designed with care.
Nederveen (1969) has shown that the equivalent area, Seff, and 
length, x e f f , of a tore can be expressed as
S e f f  =  S(<t/(i e f f )0,5 > S
XEFF -  x((JEFF/a)0*5 < X
w h e r e  <j e f f  is t h e  e f f e c t i v e  d e n s i t y  o f  t h e  m e d i u m  a s s u m i n g  t h a t  
t h e  m a s s  of air w i t h i n  t h e  t o r e  o c c u p i e s  t h e  s a m e  v o l u m e  a s  a  
c y l i n d r i c a l  t u b e  of  t h e  s a m e  c r o s s - s e c t i o n a l  a r e a  a n d  l e n g t h  a l o n g  t h e  
c e n t r e  line.
A bend can therefore be assumed to behave as a cylindrical tube of 
slightly greater area and shorter length than the tore. Acoustically,
therefore a bend will be seen as a small increase in bore over a given
length. The impulse response of such a structure would be a negative 
pulse, from the expansion, followed a short time later by a positive 
pulse from the effective constriction back into the cylindrical bore of 
the instrument.
3.1.4 Radiation effects
At the open end of a tube system a radiation condition exists 
w hereby the low frequencies are reflected , the high frequencies leak 
out and a complex crossover e ffect exists in between. It is usual in 
these cases, and for  the bells of instruments to use the radiation 
impedance formula of Levine & Schwing'er (1948) which has approximate
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forms for unflanged and flanged terminations. Many different 
approximate expressions have been derived to extend the inherent 
constraints on tube diameter and h igh -frequency limit; see, for 
example, Plitnick & Strong (1979), Causse et al (1984),
3.2 Prediction of the impulse response
3.2.1 Predicting iir(t) from a calculated input impedance
Most of the theoretical work on wind instruments has been directed 
at predicting the input impedance; useful models are given by Plitnick 
& Strong (1979) and Causse et al (1984), Such a model can be used to 
predict iir(t) by using the relationships given in Chapter 1. The 
method of Plitnik & Strong has proved  accurate for the clarinet and 
will now be discussed in detail,
The bore of the instrument is approximated by a series o f equally 
spaced cylindrical elements, typically 0.5cm in length, about 100 to 
200 for  the whole instrument, F ig .(3.5). The transfer matrix of the 
cylinder, including losses, has the form
Zin ~ Zo[ZouT+Zotanh(FL) ] / [ Zo+ZouTtanh(TL)]
where Z in and Z o u t  are the input and output impedances of the element, 
Zo is the characteristic impedance and T the propagation constant, This 
equation relates the impedance seen at the input of an element, Z i n , 
to its output impedance Z o u t . The input of one element then becomes the 
output of the next and the process is repeated until the other end of 
the instrument is reached. The starting point is the last element of 
the bell, its output impedance chosen to be the radiation impedance of 
an unflanged circular cylinder of the same radius,
The approximate expression for  the radiation impedance used by 
Plitnick &  Strong is
Zrad = 0.25w 2<t/r:c + i0.6133wa/na
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horn axis
Fig.(3.5) : Schematic representation of the bore appoximation used 
by Plitnick & Strong(1979).
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Fig.(3.6) : Calculated input impedance of an open ended
• f cylindrical tube of radius 1cm and length 1.5m.
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Pig.(3.7) s Complex reflection coefficient of the cylindrical 
tube, calculated from Fig.(3.7).
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Fig.(3.8) : Input Impulse Response of the cylindrical tube,
calculated from Fig.(3.8).
for the restriction ka<l. Causse et al (1984) give a more complex 
expression that extends the limit to ka<3.5, necessary for  the larger 
bell o f the trombone.
The procedure is to calculate the radiation impedance for all 
frequencies of interest and make this the output impedance seen by the 
first element. The input impedance of this element is then calculated 
using the transfer matrix, and this impedance then becomes the output 
impedance seen by the second element. The process is repeated until the 
input of the instrument is reached.
The Complex Reflection Coefficient of the instrument, seen at the 
input, can now be calculated and the Fourier Transform of this gives 
iir(t). F igs.(3.6) to (3.8) show the calculated Input Impedance,
Complex Reflection Coefficient and Input Impulse Response of an open 
ended cylindrical tube of length 1.5m and radius 1cm, using the above 
procedure.
The main limitation with this method is the bandwidth restriction 
due to the approximate expression for  the radiation impedance. To get 
good resolution in the time-domain we need a bandwidth of at least 8kHz 
in the impedance calculation and typically the limit is around 2kHz. A 
solution to this is offered  here and consists o f changing the radiation 
condition to circum vent the need for an approximate expression. If the 
instrument is assumed to be blocked, a rigidly closed termination to 
the bell, then the radiation impedance can be assumed to be very  large 
and real to a good approximation. Measurements of instruments can then 
be made with the same condition applying for comparison.
3.2.2 New Time Domain Theory
A time domain theory fo r  calculating iir(t) has been developed by 
the author based on a suggestion by  Ayers & Eliason (1986). The method
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is analogous to the impedance calculation outlined above.
The bore of the tube system is approximated by concentric, equal 
length cylinders as above. The procedure starts by assuming or 
calculating a radiation impulse response for the end (radiating) 
element. A transfer algorithm has been developed to calculate the 
impulse response seen at the input of each element given the impulse 
response seen at the output end.
3.2.2.1 The Transfer Algorithm
The tube system is shown schematically in Fig.(3.9) and the reader 
is referred  to the ray-path  diagram in Fig.(3.10). The impulse 
I'esponse seen at the input of the (n+l)th  element (output of the nth 
element) is assumed known and is denoted by iir(n+l). The impulse 
response seen at the input of the nth element, iir(n ), is then 
calculated as follows:
An impulse arrives at the input of the nth element and a 
reflection is generated at this discontinuity. This (primary) 
reflection is assumed to be plane and lossless, with amplitude given 
by the plane wave reflection coefficient:
R(n ) = [S(n-i )-S (n  )]/[S (n -»  )+S(n )]
The transmitted part o f the wave then travels through the nth 
element and arrives at the junction between the nth an (n+l)th  
elements. The reflected signal at this junction is iir(n + l), which is 
known, and this reflection then travels back along the nth element to 
its input where some is transmitted back to the source (defined as one 
time interval behind the primary reflection - 2L /c seconds, where L is 
the length of the element), and the rest is reflected back towards the 
(n+l)th  element. On reflection at the n:(n+l) junction again the signal 
is convolved with the iir(n+l) and reflected  back towards the source.
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This process is rex^eated until the multiply reflected /convolved  terms 
are of negligible amplitude.
The impulse response at the input of the nth element is then known 
and consists o f a series o f transients, each starting one time interval 
after the previous one. Thus one cycle  of the algorithm is completed 
and the iDrocess is repeated to find the impulse response at the input 
of the (n -'l)th  element, and at each element back to the input end of 
the tube system.
3.2.2.2 The Radiation Impulse Response
The initial data necessary for the algorithm to work is the 
impulse response seen at the junction of the the first element (at the 
open end of the instrument bell or tube system) with the open air. This 
can be calculated as the inverse Fourier Transform of the complex 
reflection coefficient derived from an approximate radiation impedance, 
or a simple termination can be used such as the blocked end giving a 
total positive jdane-wave reflection, i.e. the impulse response here is 
a positive delta function at time zero.
The number of convolved terms required depends mainly on the rate 
o f change of bore with axial distance, in other words the magnitude of 
the reflection coefficients at the element junctions. Where the 
reflection coefficients are relatively large, >10%, up to 5 or 6 terms 
are typically required as opposed to the 2 or 3 for a small changes in 
the bore.
3.2.2.3 The Inclusion of Losses
One of the advantages of this formulation of the iir(t) model is 
the relatively simple inclusion of losses. A loss function must be 
calculated, and is equal to the imiuulse response of twice the element 
length, and convolved the required number of times with each multiply
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reflected term in the sum. The loss function will have the form of 
Fig. (3,1) and can be calculated from one of the models discussed in 
Section (2.2.1.)
3.2.2.4 Results of the Time Domain Model
Fig.(3.11) shows the calculated iir(t) o f the tube expansion 
measured in F ig.(3.3). Fig.(3.12) is the same but with the inclusion of 
an empirical loss function of the form of Fig.(3.1). This function is 
convolved with all the secondary waves shown in Fig. (3.9).
The iir(t) o f the calibration tube measured in F ig.(5.23) has been 
calculated with the result shown in F ig.(3.13). As with the measurement 
the tube is rigid ly terminated. F ig ,(3.14) shows the calculated iir(t) 
o f an approximate trumpet bore consisting of a conical leadpipe, 
cylindrical m id-section and bessel horn, again with a rigid 
termination.
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Chapter 4 : Expeidmental techniques
4.1 Impulse responses
It is appropriate here to restate precisely the quantity to be 
determined. The Input Impulse Response, iir(t), can be viewed as 
follows:
The instrument under test is smoothly coupled at its input to an 
infinitely long cylindrical tube. An impulse of pressure travels along 
the tube towards the instrument. The impulse enters the instrument and 
a inflection sequence is generated which travels back along the tube.
This reflection sequence measured within the tube is termed the Input 
Impulse (Reflection) Response, iir(t). At the same time the incident 
impulse travels through the instrument and leaves the bell followed by 
reflections generated within the instrument. This reflection sequence, 
measured on axis, one bell radius from the plane of the end of the 
bell, is called the Output Impulse (Transmission) Response, oir(t).
When the source conditions change to a totally reflecting plane at 
the input o f the instrument the measured responses are altered but 
still remain impulse responses. They are denoted by iir ’ (t) and 
o ir ’ (t) respectively . These two functions are useful in predicting the 
build up of pressure waveforms within the instrument and those radiated 
from the bell.
The hypothetical arrangement described above is obviously not 
realisable in practice, a reflecting source must be located at the end 
o f the source tube, but it is possible to simulate a semi-infinite 
source tube by making the tube long enough so that source reflections
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do not occur before a given time. This is possible through careful 
choice o f system geometry.
The basic approach used to determine the impulse response is to 
send an arbitrary pressure transient into the instrument, measure the 
reflection sequence generated and deconvolve the reflection sequence 
with the input transient. The result obtained is the response of the 
system to a unit impulse:- an input signal that has a value of one at 
t=0 and zero thereafter.
4.2 Deconvolution Methods
Deconvolution of the reflection sequence is essential as in 
practice it is not possible to produce an impulse of pressure. Spark 
sources generate quite a sharp pulse and allow an approximate impulse 
response to be measured but the approximation remains. A deconvolution 
procedure is therefore inherent in the method to be described and the 
choice of deconvolution procedure v ery  much dictates the final 
experimental arrangement. Measurement and deconvolution are therefore 
closely linked and the two are discussed together in this section.
There are several standard methods of deconvolution commonly used, 
comprising time domain methods such as Constrained Iterative 
Deconvolution and Minimum Variance Deconvolution, and Fast Fourier 
Transform (FFT) based methods such as Frequency Domain Division and 
Cepstrum.
The ob ject o f deconvolution is to invert the convolution 
relationship that exists between the instrument reflection response, 
g (t), the input transient f(t ) , and iir(t), the impulse response of the 
instrument:-
g(t) = f(t ) * iir(t) ,..(4.1)
Such an inversion will give us the impulse response iir(t). The
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i
g(I) = 2 f (J ).iir(I+ l-J ) ...(4.2)
j =i
where f(l..m ), iir (l..n ), g(l..m +n). This sum can be inverted and iir 
can be obtained from :-
i i r ( ' l )  =  g ' ( l ) / f ( l )
i
iir (I) -  (g (I ) -  5 f (J ) .i ir (I+ l-J ) } /f ( l )  : I>1 ...(4.3)
J=2
Unfortunately this inversion tends not to work with real data, 
largely because the time sequences start with very  small values, 
d ivergence invariably occurs within a few iterations. Other methods of 
deconvolution are necessary therefore and the most widely used are 
discussed below.
4.2.1 Time domain methods
These arise mainly in geoscience with the investigation of rock 
formations by seismic exploration. The methods used are fairly complex, 
using matrix methods, Kalman filtering and so on. Proven techniques 
have been developed by  Mendel (1981), Schafer et al (1981) and Yeung & 
Kong (1986), for example. Although these techniques undoubtedly work 
well, they require large amounts of computer memory to perform the 
matrix operations. The BBC microcomputer which was available for the 
present work does not have the memory space or processing power 
necessary to allow efficient implementation of these deconvolution 
procedures, so initial investigations were limited to the simpler FFT 
based deconvolution procedures.
4.2.2 Frequency Domain Division
When Fourier Transformed to the frequency domain eqn.(4.1) 
becom es:-
discrete form of the convolution integral can be written as
G(w) = F(w) , IIR(w) ...(4.4)
from which IIR(w) can be determined:
IIR(w) = G(w) /  F(w) ...(4.5)
and inverse transformation to the time domain gives the input impulse 
response iir(t). This method is perhaps the simplest o f the widely used 
algorithms, see for example Jackson et al (1977), and works well 
provided a good signal to noise ratio is maintained over the frequency 
range o f interest. If zeros occur in the frequency spectrum of F(w) 
then the method breaks down as iir(t) is not defined at these 
frequencies.
4.2.3 Cepstrum
Using the same notation as above the total time series obsei’ved 
can be written
The power cepstrum is defined as the inverse Fourier Transform of 
the natural logarithm of the squared modulus of the Fourier Transform 
of the measured time history. When expressed in power series form we
pc(t) = fc(t) + i ir (t - t l)  + i ir (t - t l )* i ir (t - t l )  + ,.,(4.7)
where the subscript c denotes a term in power cepstrum form. So the 
result contains the power cepstrum  of the input pulse, fc(t), plus the 
impulse response iir (t - t l ) ,  plus multiple convolutions of iir(t) with 
itself, termed rhamonics. The impulse response therefore appears as an 
isolated term which may be extracted provided that there is no 
significant overlap between iir (t - t l )  and its neighbouring terms.
p(t) = f(t ) + g’ (t)
= f(t ) + f(t ) * i ir (t -t l) (4.6)
have,
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This method is discussed at length by Bolton & Gold (1986) with 
reference to the measurement of reflection coefficients. The method 
works well but the authors found it necessary to modify the data at the 
very  low frequencies to remove noise which would otherwise cause the 
method to fail. This problem of low frequency noise is discussed at 
length later in this chapter with respect to frequency domain division.
4.3 Determination of the impulse response, iir(t)
Most of the deconvolution methods discussed above have been 
implemented in this study to some degree. The simplest, Frequency 
Domain Division, was initially found to give satisfactory results and 
was therefore explored in detail in preference to the other methods. It 
is the deconvolution method used throughout this thesis and in future 
the phrase ’the deconvolution procedu re ’ refers specifically to this 
method.
The basic equations have been given above and show that the 
signals we need to measure are the input pulse and the reflection 
response of the instrument.
4.3.1 Loudspeaker source
The experimental arrangement is shown schematically in Fig. (4.1). 
The loudspeaker source is fed  with a 10 microsecond electrical pulse by 
the computer and generates an acoustic pulse of about two milliseconds 
duration. The loudspeaker is a typical soft dome tweeter and is rigid ly 
coupled to the source tube to give a good airtight seal, The precise 
nature of the coupling is shown in F ig.(4.2); it has a critical 
e ffect on the pulse shape and frequency bandwidth, F igs.(4,5) and (4,7) 
show the pulse shape and frequency  spectrum produced by this 
arrangement. It can be seen that there is significant energy being 
produced right down to about 20 or 30Hz and this is critical to the
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Fig.<4.1) s Schematic representation of the experimental apparatus.
Fig.<4.2) s Loudspeaker-Source tube coupling.
deconvolution procedure as will be explained later. The frequency 
spectrum falls o ff  rapidly at high frequencies due to viscous 
attenuation in the source tube. The low frequency roll o ff of the 
spectrum has a great e ffect on the pulse shape. With the rigid coupling 
the loudspeaker is well damped at low frequencies leading to a 
transient that decays to zero quite quickly, Fincham (1985). Spark 
sources are notorious for  being underdamped leading to a slow decay of 
the transient. If the pulse is truncated before it has decayed to zero 
then errors are created at low frequencies.
4.3.2 Source tube
The purpose of the source tube is to allow the right and left 
going waves in the apparatus to be separated in time so the desired 
signals can be extracted for  analysis. The input pulse, instrument 
reflection response and eventual source reflections must be seen as 
distinct separated signals in the total time record  measured, as any 
overlap will prevent deconvolution unless more elaborate signal 
processing methods are employed.
The microphone is positioned about half way along the source tube 
and is inserted into the tube through a small hole leaving the 
diaphragm flush with the wall o f the tube. An air tight seal is 
important here also to avoid stray reflections and to maintain the low 
frequency acoustic energy in the system. The microphone used is a Bruel 
& Kjaer 1/4 or l /8 th  inch depending on availability, both produce good 
results and have an extended low frequency response down to below 20Hz.
The end of the source tube is tapered on its outside to fit neatly 
into the instrument in the same way as a mouthpiece, F ig .(4.3). A 
smooth junction here is important as a step change in bore at this 
point will be seen as part o f the instrument. One can debate the best
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Fig.(4.4) : Total time history of a loudspeaker generated pulse in 
the closed source tube.
form of this connection, ie. how far the source tube should protrude 
into the mouthpipe of the instrument and whether the mouthpiece should 
be included. In this apparatus, it is arranged that the source tube 
protrudes by the minimum amount necessary to allow a secure a good 
connection.
To determine the precise geometry of the source tube, its overall 
length and the microphone position, one needs to look carefully at all 
the signals present in the system after the initial pulse leaves the 
loudspeaker. Pig. (4.4) shows the total time history measured at the 
microphone position when the tube is closed at the instrument end. It 
shows the input pulse travelling to the right (towards the instrument), 
the reflection of this pulse o ff the closed tube end, and a third 
reflection o ff  the source. This sequence continues until losses in 
the tube reduce these higher order reflections to zero. The constraints 
on source tube geometry are therefore :-
(i) the input pulse must have decayed before the instrument 
reflection response arrives to prevent overlap between the two signals. 
This determines the length of tube between microphone and instrument.
(ii) The instrument response must have decayed before the same 
signal arrives back after being reflected  o ff the source. This 
determines the length of tube between source and microphone
The results are dependent on the source pulse duration and 
instrument type and length, and for this system it is found that a 6m 
tube length with the microphone about half way along produces 
satisfactory results, It is desired to keep the tube length as short as 
possible to minimize high frequ en cy  attenuation; it is the high 
frequencies that are going to give information about fine changes in 
instrument bore.
In practice the instrument response is rather longer than the
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round trip travel time between mouthpipe and bell due to multiple 
reflections within the instrument, so we relax constraint (ii) such 
that source reflections do not arrive before the primary bell 
reflection. This allows us to keep the source tube length to a minimum 
while still giving enough information to perform an accurate bore 
reconstruction.
For the calculation of the input impedance of an instrument from 
its impulse response it is necessary to have the entire reflection 
response clear of source reflections and this is solved in Section 
(5.1.1) by  the use of a coiled plastic tube of about 30m in length. In 
this case the high frequency attenuation is not critical as we are only 
interested in the impedance below 1kHz.
4.3.3 Computer control
The measurement system is controlled by a BBC microcomputer. The 
computer sends the electrical pulse to the loudspeaker and samples the 
microphone signal via an analogue to digital converter system 
constructed by the author. The microphone signal passes through a Kemo 
lOOdB/oct, anti-aliasing filter between amplifier and ADC. The sampling 
rate of the apparatus is set at 16kHz giving a bandwidth of 8kHz, which 
is ample considering that attenuation in the tube limits the signal 
bandwidth to about 4kHz. The computer collects 512 samples at this rate 
giving a time window of about 25ms. The sampling is synchronised to the 
loudspeaker pulse so signal averaging is easily facilitated. Typically, 
the comjiuter averages the results of 250 pulse responses in about 30 
seconds which gives a pulse reiDetition rate of about 10 a second, thus 
making the system very  efficient in the acquisition of data.
4.3.4 Measurements
To calculate the impulse response we need to measure the input
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pulse and instrument reflection responses as functions of time. The 
input pulse is measured in a manner similar to that of Sondhi & Resnick 
(1983). The end of the source tube is rigidly closed (a lump of 
plasticine is usually sufficient) and the pulse is measured after being 
reflected by this termination. The advantage of this is that the input 
pulse and instrument response are accurately time-aligned to eliminate 
phase delays between the two signals and some account is taken of the 
losses involved in propagation between microphone and instrument. The 
only losses observable in the impulse response are therefore due 
purely to propagation within the instrument. To measure the instrument 
reflection response the source tube is uncapped and the instrument 
fitted to the end o f the tube.
The input pulse and reflection response of a trombone are shown in 
F igs.(4.5) and (4.6). F ig .(4.5) shows the input pulse and its first 
source reflection. This reflection must be removed before deconvolution 
and can be done by windowing or truncation. Windowing involves 
weighting the response so that the input pulse is left relatively 
unaffected while the trace is set to zero in a smooth fashion before 
the reflection occurs, A Half- Hanning window is typical in these 
situations, Durrani et al (1972). Alternatively if the input pulse has 
decayed to zero before the reflection arrives then the response can 
simply be set to zero just before the reflection occurs, this is called 
truncation and is the method that has been adopted here.
It is common in signal processing to apply windows in both the 
time and frequency domains prior to an FFT (mainly because the precise 
nature of the measured signals is not known) but the signal is 
affected  each time, Lipshitz et al (1985). In a complicated 
deconvolution procedure such as this one where two Fourier Transforms 
are required such overuse of windows gives a smooth looking end result
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Fig.<4.5) s Pressure transient produced by the loudspeaker 
source.
Amp Ii tude
T i m e ( m s )
Fig.<4.6) s Reflection response of a trombone to the transient of 
Fig.<4.5).
but the accuracy of the result can su ffer drastically, A point is made 
in this study to avoid windows as much as possible by  maintaining a 
good signal to noise ratio over the whole measurement bandwidth through 
careful design of the apparatus.
4.3.5 Deconvolution of the measured response
Having obtained accurate measurements of the input pulse and 
instrument reflection response one can now perform the deconvolution 
procedure to determine the Input Impulse Response o f the instrument.
The sequence of operations is outlined below:-
(i) The input pulse and instrument reflection response are Fourier 
Transformed to the frequency domain using the Fast Fourier Transform 
(FFT). The spectra produced are shown in Fig.(4.7). The input pulse 
shows a steady rise from d.c. to a peak at about 1kHz, the resonant 
frequency o f the loudspeaker. The amplitude then falls rapidly due to 
viscous attenuation of the pulse in the tube. The instrument spectrum 
has a similar trend but is much less smooth due to the fact that it is 
composed of many reflections of the pulse from different parts of the 
instrument.
(ii) The instrument response spectrum is divided by the pulse 
spectrum using full complex division, F ig.(4.8). The result is the 
reflection coefficient o f the instrument (assuming no source 
reflections are present) which basically goes from close to 1 at low 
frequency to zero at high frequency. This is consistent with an 
instrument horn as the low frequencies are reflected to allow resonance 
and the high frequencies simply leak out.
It is essential that we have good coherence of the result at low 
frequencies to maintain accuracy in the deconvolution procedure. Any 
noise here will show up in the impulse response as spurious low
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Fig.(4.8) : Division of instrument response spectrum by pulse
spectrum.
frequency components running through the trace. Such noise virtually 
eliminates any chance of getting a good Bore Reconstruction o f the 
instrument. Application of a window at low frequencies to eliminate any 
noise present is most undesirable as it would need to be very  sharp so 
as not to remove any information about the instrument. Such a window 
would have a significant e ffect on the impulse response after FFT’ing 
back to the time domain. At high frequencies, noise is not so 
detrimental to the result as we can apply a window to eliminate it 
without affecting the impulse response too much.
The question that must be asked is that if there is no signal at 
high frequencies and the reflection coefficient is simply showing noise 
in this region, then wouldn’t it be better to reduce the sampling rate 
o f the system so that the upper bandwidth limit occurs ju st before the 
noise starts?. This point is debatable as on the one hand we can keep 
the bandwidth high, apply a window to the high frequency noise with 
little deterioration of the impulse response, and have high resolution 
in the time domain; but if there is no signal at high frequencies then 
we are gaining no more information by keeping a high sampling rate and 
the ’high resolution’ result we end up with in the time domain is of 
cosmetic importance only. The option chosen in the end was to keep the 
bandwidth high and apply a window to the high frequency noise with a 
view to modifying the apparatus to increase signal level at high 
frequencies.
It is worth noting at this point that the high frequencies give us 
information on the fine detail in the instrument and the use of the 
source tube removes much of the high frequency signal we would ideally 
desire. So we have a tra d e -o ff between the two constraints of 
removing source reflections with the long source tube and requiring 
energy up to about 20kHz to resolve the fine detail in the instrument.
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Section (5,2.3) discusses a method of keeping the source tube as short 
as possible and correcting for  source reflections in the deconvolution 
procedure,
(iii) finally, the frequency domain division is inverse FFT’d to 
the time domain to produce the Input Impulse Response, iir(t),
F ig .(4.9). Note that the result is only accurate up to the arrival of 
the first source reflection; ju st after the primary bell reflection.
As an example of the long-term  repeatability o f the technique 
Fig.(4.10) shows the input impulse response of the same trombone 
measured in April and August o f 1988. During this time the apparatus 
would have been taken apart and and reassembled a dozen times or more. 
The two traces show good agreement apart from the region of the output 
slide tube where they d iffer slightly. It is certainly possible to say 
that without prior knowledge one would assume that it was the same 
instrument measured both times. See Section (6.2) for measurements of 
d ifferent trombones.
4.4 Alternative system to minimise source tube attenuation
As has been mentioned previously  there is more than one way to 
measure iir(t), the set-up  used can be geared towards specific 
requirements such as short instruments like the saxophone or long 
instruments like the tuba. An alternative system is described now that 
has the advantage of reduced source tube length between microphone and 
instrument. Attenuation of the signal is thus reduced and more high 
frequencies are present to detect fine detail in an instrument.
The ’low loss ’ apparatus is shown schematically in F ig.(4.11). The 
input pulse is measured by attaching a long coiled plastic tube to the 
end of the source tube and measuring the pulse as it travels outwards 
towards the coiled tube. This coiled tube is made long enough so that
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Fig.(4.10) : Superposition of the iir<t) of the Sovereign large 
bore tenor trombone measured on two separate occasions.
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Fig.(4.11) s Schematic representation of the low-loss apparatus.
The instrument is then attached to the source tube and the response 
measured contains the input pulse overlapping with the instrument 
reflection response.
The deconvolution procedure is the same as described above except 
that the result shows a delta function (the input pulse deconvolved 
with itself) followed by the impulse response of the instrument. A 
useful modification is to subtract 1 from the real part o f the 
frequency domain division prior to inverse transformation. This removes 
the delta function from the result to leave purely iir(t).
The measurements o f medium bore trombones in Section (6.2) were 
all made with the low -loss set-up. There is a small improvement in high 
frequency signal level and hence in the spatial resolution but not 
enough to take the analysis into the improved levels of accuracy that 
will be required in future.
4.5 Determination of the Output Impulse Response, oir(t)
For measurement of oir(t) the input pulse is measured in the 
normal way as described in section (4.3.4) but the instrument response 
is measured at the output; on axis, one bell radius from the plane of 
the rim of the bell. Deconvolution is perform ed in the normal way.
Results are presented in Fig(4.12) for  the Sovereign large bore 
trombone and Fig. (4.13) for  the Smith-Watkins trumpet #16.
Both figures show basically a positive spike followed immediately 
by  a negative one of approximately the same amplitude. This is 
characteristic of the h igh-pass filter e ffect of the bell (the low 
frequencies are reflected  back into the instrument to allow generation 
of standing waves). The slight ripples before the main spike are 
indicative of dispersion (high frequencies travelling faster than low);
no reflection comes back o ff the end during the desired time period.
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Fig.(4.13) j Measured oir(t) of the Smith-Watkins #16 trumpet.
those arriving' after the main signal are due to multiple reflections in 
the instrument.
4.6 Increasing low -frequency energy in the input pulse
Fig. (4.7) shows the frequency spectrum of the input pulse using 
the coupling shown in F ig.(4.2). The response falls o ff at low 
frequencies to to the nature of the loudspeaker. An alternative 
coupling is shown in Fig. (4.14) that considerably boosts the low 
frequency content of the pulse. The (soft plastic) diaphragm is 
arranged to touch the end of the tube and when fed with an electrical 
pulse of typically 10 m icroseconds produces the pulse shown in 
Fig.(4.15). This version  of the apparatus was explored briefly  with the 
following results. The frequ en cy  spectrum of the pulse, F ig .(4.16), 
now increases towards the low frequencies but the high frequencies are 
somewhat reduced.
The reflection response o f a trombone measured with this transient 
is shown in F ig.(4.17). The low -loss set-up  was used in this case which 
is why the input transient is so close to the reflection response. The 
important point is the shape of the bell reflection which is very  
similar to the deconvolved result. This shows the importance of the low 
frequencies in the acoustics of brass instruments. The pulse from a 
spark source has a similar low frequency  characteristic but far more 
high frequencies. However, deconvolution with spark source arrangements 
has been shown to be very  difficult, Deane (1986), partly due to 
inconsistency in pulse amplitude and timing, but also due to the fact 
that the pulse dies away relatively slowly. This is d irectly related 
to the low frequency characteristics o f the source as discussed in 
Section (4.3.1). Such a pulse requires long sampling times which leads 
to problems with source reflections and subsequent truncation 
errors.
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Fig.(4.14) : Loudspeaker coupling to enhance low frequency
content in the input pulse.
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Fig.(4.15) s Pulse shape produced by the coupling shown in
Fig.(4.14).
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Frequency (kHz)
Fig.(4.16) : Frequency spectrum of the pulse shown in Fig.(4.15).
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Fig.(4.17) : Reflection response of a trombone using the
loudspeaker coupling of Fig.(4,14),
This loudsioeaker generated pulse has the advantage over the spark 
source of consistency from pulse to pulse allowing easy signal 
averaging but the disadvantage of poor high frequency content. An 
accurate deconvolution was not obtained during the brief 
experimentation with this transient. It is apparent that the whole set­
up would need to be re-designed  to allow accurate measurements.
4.7 C ontact ajjparatus for industrial application
In the manufacturing environment the aim is to design a prototype 
instrument and then produce nominally identical Instruments for sale. 
Methods are therefore required to check for consistency in 
manufacturing output. Brass instruments are made from several parts 
which must be assembled, often involving soldering, to produce the 
final product. The problem that arises is that it is very  difficult to 
tell from the outside how good the internal finish is. The bore must 
ideally be as smooth as possible, without unwanted obstructions such as 
lumps of solder and bad connections. Optical methods involving the 
insertion of optical fibre sensors into the instrument have not proved 
entirely satisfactory. Acoustical methods, therefore, a]?pear to be an 
attractive alternative, particularly as the measuring point is external 
and the method is non-destructive.
The main requirement of a quality control system is to detect 
d ifferences between a prototype and production line instruments. A 
useful way of doing this is to perform a simple arithmetic subtraction 
of the transient responses of the two instruments. Deconvolution is not 
necessary here; only the response to an arbitrary transient is 
required. This allows the constraints on source tube length outlined in 
Section (4.3.2) to be relaxed to leave only one:- no source reflections 
before the x>rimary bell reflection. For measurements on trumpets this
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gives an overall length of only 2m or so, thus increasing the signal 
bandwidth.
The ideas outlined above have lead to the development of a compact 
apparatus installed at Richard Smith (Musical Instruments) Ltd. in 
London for the measurement of trumpets. The set-up  is the same as the 
low -loss apparatus, Section (4.4), except that the input pulse does 
not need to be measured. With no need for  deconvolution one can use 
lower cost components as low frequency extension of the signal 
bandwidth is not essential. The main requirement of the system is that 
it must be repeatable from instrument to instrument and day to daj’-. 
Mechanical repeatability is good but the influence of temperature means 
that from day to day a correction  must be made to the data to allow 
accurate differencing. The most useful way of doing this is to have the 
sampling rate of the system linked to room temperature, Deane (1986).
The ability of the system to detect small d ifferences in 
instrument structure is dependent mainly on the signal bandwidth.
Keeping the source tube length down to 2m allows a bandwidth of about 
10kHz and a sampling rate in excess of 20kHz.
A simple example of the system in action is given in Fig.(4.18).
The transient response of a trumpet was measured with valves up and 
with valves down. The subtraction of the two responses shows them to be 
identical up to the first valve -  at which point they start to deviate.
A more detailed investigation of valve misalignment was conducted 
and Fig.(4.19) shows the results o f an experiment to detect small 
depressions of one valve in a trumpet. The transient response of the 
instrument was measured in its normal state and with the second valve 
depressed in 0.25mm intervals. Each trace shows the arithmetic 
difference between the transient response for no depression and with 
the quoted depression. At the (time) location of the valve a
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Fig.(4.18) : Subtraction of the transient response of the same
trumpet measured with valves up and valves down.
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Fig.(4.19) t Subtraction of the transient response of a trumpet 
in its normal state and with the 2nd valve depressed by small 
amounts.
Fig.(4.20) : Subtraction of the transient response of a trumpet in 
its normal state and with the waterkey open. L
in its normal state and with a 2mm diameter ball of Plasticine
placed at the end of the? tuning slide. L S <?,
disturbance is detectable even for  the minimum depression of 0.25mm.
Fig.(4.20) shows the e ffect of opening the waterkey and Fig’. (4.21) 
the disturbance caused by a 2mm diameter ball o f plasticine placed at 
the end of the tuning slide. Although the difference trace needs to be 
expanded the influence of the obstruction is quite obvious. Excess 
solder often forms into particles o f this size which generally are 
undetectable from the outside.
The advantage of a system such as this is in the m ass-production 
of instruments where a continuous line of instruments are required to 
be as close as possible to a prototype. In practice, no two instruments 
are alike; they all have their own ’fingerprints ’ as it were.
Differences between the performance of nominally identical instruments 
can be readily detected by  the experienced player. It is common for a 
manufacturer to ask a professional player to test a sample of output 
for consistency. However, to have such a player as a full time employee 
would be very  expensive, out o f reach for the typical manufacturer.
Production at Richard Smith (Musical Instruments) Ltd. is really 
too specific for  the system to be used to the full. Every instrument is 
custom built to the p layers’ specification, giving a series o f unique 
designs. A production line does not really exist as such. This 
manufacturer has found it more useful to concentrate on obtaining an 
accurate bore-reconstruction  of each instrument to check for 
construction irre gularities.
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Cleverness is no substitute for true awareness
Jaco Pastorius
Chapter 5 : Applications of the Impulse Response
5.0 Introduction
The transient measuring apparatus described in Chapter 4 has 
allowed the determination of the input impulse response of instruments. 
This function is useful in itself as its features can be related 
directly to the structure of the instrument, but it is mainly useful 
as the basis of a number of algorithms for calculating certain other 
aspects o f the instruments5 acoustics and structure. One such algorithm 
permits what is termed ’Bore Reconstruction’ :-  calculation o f the 
cross-sectional area of the instrument as a function of axial distance. 
This is discussed in Section (5.3) and is a very  useful technique as 
the bore of the instrument is the main contributor to its acoustic 
properties.
Another technique, Signal Synthesis, allows calculation of 
pressure waveforms within the instrument and is discussed in Chapter 7 
with reference to the Computer Aided Design of instruments.
Together with Bore Reconstruction two other applications are 
discussed in this Chapter: the determination of input impedance from 
the impulse response, Section (5.2), and space-time analysis, Section 
(5.3), in which the impulse response is measured on an array of points 
within the instrument,
5.1 Determination of the Input Impedance
The measurement of the input impedance of instruments is a 
standard frequency domain technique for  assessing the acoustics of 
instruments. Typically a measurement takes 10 to 15 minutes, requires
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careful calibration, and in some cases involves the measurement of 
volume velocity  as well as pressure.
As mentioned in Chapter 1 the input impedance can be calculated 
from the impulse response; it is therefore advantageous to do this 
rather than have a separate apparatus to measure it directly.
The Fourier Transform of the Impulse Response, iir(t), is the 
reflection coefficient o f the instrument, here denoted by  IIR(w). The 
well-known relationship between reflection coefficient and input 
impedance, Z(w),can then be written as
Z(w) = Zo.(l+IIR (w ))/(l-IIR (w )) ,.,(5.1)
where Zo is the characteristic impedance of the instrument bore or 
source tube. This is the approach used in this thesis.
5.1.1 The Method of Benade & Smith (1982)
The technique of obtaining the input impedance from transient 
measurements has been attempted previously, Benade &  Smith (1982). The 
pressure response measured in the mouthpiece resulting from the 
transient from a spark source was Fourier Transformed to the frequency 
domain to form the impedance. In this case the signal that is measured 
is an approximation to (5(t)+iir*(t)) :-  where iir ’ (t) is the impulse 
response for a totally reflecting source at the input o f the instrument 
and 6(t) is the ideal delta function input transient. Unfortunately 
the source conditions are not defined and the response is not 
deconvolved with the spark pulse; the result is therefore approximate 
and uncalibrated. However, their method is interesting nonetheless and 
the relevant theory is discussed below.
Introducing a result from Section (5.1.3), IIR’ (w) can be 
expressed in terms of IIR(w) as
IIR’ (w) = 2.IIR(w) + 2.IIR(w)2 + 2.IIR(w)3 + ...(5.2)
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This is an expanded form o f the standard impedance relationship to 
IIR(w), (equation (5.1)), and leads to the relation
Z (w) in = Zo.(l+IIR*(W)) .,.(5.3)
In the work of Benade & Smith they measure the total transient 
response resulting from the spark pulse. This includes the input pulse 
entering the instrument, hence the unity term in equation (5.3), Their 
measurement, when transformed to the frequency domain is thus an 
approximation to (1+IIR}(W)) and calibration via the Zo term is 
neglected. However, such a system is relatively simple to construct and 
gives a fair approximation to the input impedance.
5.1.2 Modified Apparatus for Input Impedance Determination
Up to now the Impulse Response has been measured for instruments 
with a view to determining the bore of the instrument and the main 
constraint of eliminating source reflections was relaxed to allow them 
so long as they did not arrive before the primary bell reflection. This 
allowed the minimization of source tube length to keep attenuation low.
In practice the Impulse Response continues well past the primary bell 
reflection and typically is has significant amplitude at twice the 
arrival time of this reflection, or two cycles of reflection. The 
source tube length, therefore must be increased to allow up to two or 
three cycles o f reflection to be measured clear of source reflections.
The source tube is now approaching some 20m in length which is 
rather impractical if straight brass tubing is used. It was decided to 
investigate the possible use of a coiled plastic tube between source 
and microphone. The new apparatus fo r  impedance determination is shown 
schematically in Fig,(5,1). With such a long source tube attenuation of 
the signal becomes significant and with this apparatus the upper
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Fig.(5.1) * Schematic representation of the modified transient’ 
apparatus for input impedance determination.
Amp Ii tude
Frequency(KHz)
Fig.(5.2) s Comparison of the frequency spectra produced by pulse 
propagation of 4m along brass and plastic tubing of 6.3mm radius, i
bandwidth limit is reduced to about 1kHz. This is no real problem now 
because the input impedance is o f little interest above 1kHz. With the 
number of time samples limited to 512 the sampling rate is reduced to 
2kHz to give an increased frequency  resolution of 4Hz,
A simple experiment was carried out to investigate the relative 
attenuation characteristics o f brass and plastic tubing. Two 2m lengths 
o f brass and plastic tube were connected in turn to the end of the 
source tube with the open end blocked. The transient from the source 
was measured after propagation through and reflection from the blocked 
end of each test section. This gives a total of 4m of propagation 
through each test section. The received signals were Fourier Transformed 
to produce their respective frequency spectra, Fig.(5,2). The 
difference in spectrum amplitude, plotted here on a linear scale, can 
be converted to a mean level d ifference of 1.5dB over the whole 
bandwidth. Such a small relative attenuation means that propagation 
distance and not tube material is the main loss mechanism present.
The coiled plastic tube is connected to the brass sections of the 
source tube by filing the brass tube ends to a kn ife-edge and push - 
fitting them into the plastic tube. The input pulse and instrument 
reflection response are measured in the same way as previously and are 
shown in F igs.(5.3) and (5.4) for  the Boosey & Hawkes Sovereign large 
bore tenor trombone. Reflections from the junctions between brass and 
plastic sections of the tube appear to minimal and have not been found 
to upset the analysis. Deconvolution is performed in the same way as 
previously except that the result o f the division of instrument 
response spectrum by pulse spectrum is left in the frequency domain as 
the complex reflection coefficient, IIR(w), shown in F ig ,(5.5).
Equation (5.1) is now used to calculate the input impedance of 
the instrument, Fig. (5.6),
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Fig.(5.3) : Pulse produced by the loudspeaker source as measured
in the modified apparatus.
Amp Ii tude
Fig.(5.4) s Reflection response of the Sovereign large bore
trombone.
Phase(Rod Ions)
Fig.(5.5) : Complex reflection coefficient of the Sovereign
large bore trombone.
Phase(Red Ians)
Magn I tiide (MegOhms)
Fig.(5.6) = Input Impedance of the Sovereign large bore trombone.
Fig.(5.7) s Complex reflection coefficient of the Lafleur medium 
bore trombone.
Fig.(5.8) s Input Impedance of the Lafleur medium bore trombone.
On the same figure are shown the heights and frequency location of 
the impedance peaks of the same instrument measured previously by Pratt 
et al (1979) in the frequency domain. Although there is good agreement 
with regard to the relative levels o f the magnitude peaks there is a 
basic amplitude difference close to a factor o f two (the frequency 
domain values of peak location and amplitude are scaled for 
comparison). The reason for this discrepancy is most likely to be due 
to the way the source reflection in the instrument reflection response 
is removed. This reflection can be seen at 130 ms in F ig.(5.4); notice 
also the d.c. o ffset imposed on the data by the ADC which must be 
removed also. Varying the truncation point around the arrival time of 
the source reflection produces noticeable changes in the calculated 
impedance suggesting that the reflection response of the instrument 
cannot be considered to have decayed to zero at this point. A longer 
source tube would therefore appear to be necessarjr for  the accuracy of 
this method to be comparable to that of the frequency domain apparatus.
The same comparison is shown in F igs.(5.7) and (5,8) for the 
Lafleur medium bore tenor. Although the relative peak levels are again
well reproduced the same amplitude discrepancy is evident.
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Ski Analysis of source reflections
The disadvantage of using a long source tube to eliminate source 
reflections is the reduced bandwidth due to viscous losses. If the 
reflecting characteristics o f the source can be determined then it 
should be possible to take account of source reflections in the 
deconvolution procedure.
Consider the standard measurement system with a transient source. 
Source reflection is denoted by  rs(t), a reflection o ff  the closed 
tube end by r'r(t), the input pulse by  f(t ) and the impulse response of 
the instrument by  iir(t). The total time history measured with the tube
5.5
g(t)=f(t)
+f(t)*r:r(t)
+f(t)*rT(t)*rs(t)
+f (t) ‘-M’t (t) * r s (t) * r t  (t)
+f (t)4'rT(t)*rs(t)*rT(t)*rs(t)
+ ...(5.4)
With the instrument attached the signal measured is
g*(t)=f(t)
+f (t) -i;r t (t) *iir(t)
+ f(t)*n (t)* iir (t)*rs(t)
+f(t)*rT(t)*iir(t)*i,s(t)*rT(t)*iir(t)
+f(t)*rT(t)3riir(t)*rs(t)*rT(t)*iir(t)*rs(t)
+ ...(5.5)
Note that rs(t) and r i(t )  include the propagation delays incurred 
in travel from the microphone to either the source or the 
instrum ent/closed tube and back again.
If we ignore the the first term and take the Fourier Transforms of 
equations (5.4) and (5.5) we get
G(w )=F(w ).Rt(w )
+F(w ).Rt(w ).Rs(w )
+F(w ).Rt(w )2.Rs(w )
+F(w ),Rt(w )2.Rs(w )2
closed is
+ ...(5.6)
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and G*(w)=F(w ).Rt(w ).IIR(w )
+F(w ).Rt(w ).Rs(w ) . I IR (w )
+F (w ).Rt(w )2,Rs(w ) .IIR (w )2 
+F(w ).Rt(w )2.Rs(w )2.I IR (w )2 
+ ...(5.7)
It can be seen that the coefficients o f IIR(w) and IIR(w)2 in 
equation (5.6) are actually individual terms of equation (5.7), which 
are known, so it is possible to solve for IIR(w) numerically. A 
program, Gradfit, has been written to do this, and the calculated 
IIR(w) of a trumpet is shown in F ig.(5.9). In this example 4 terms were 
used in equations (5.6) and (5.7) and still the result does not look 
smooth at the very  low frequencies. The resonant (spiky) look of the 
result indicates a reflection not accounted for and the inclusion of 
furthei' terms does not in general improve the result. However the 
general form of the IIR(w) is clear and with with development the 
technique could allow the use of a shorter source tube,
5.1.4 E ffect o f source conditions on the input impedance
The following analysis shows that the input impedance is not 
dependent on the source conditions, in other words the impedance looks 
only towards the instrument, and that it can be expressed in terms of 
the impulse response only.
Assume we have a long source tube and a delta function of acoustic 
pressure travels from the source to the instrument. The total pressure 
signal measured at the microphone can be expressed as
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p(t)=6(t)
+iir (t)*rs(t)*6( t -  x i-x2)
+iir (t ) *iir (t ) *r s (t ) *6 (t -  2xi~x2) 
+iir(t)*iir(t)*rs(t)*rs(t)*6(t-2xi-2x2)
+ ...(5.8)
and the volume velocity
Zo.u(t)=6(t)
-iir(t)*6(t-xi)
+iir(t)+rs(t)+6(t-xi-x2.)
-iir (t)* iir (t)*rs (t)* 6( t - 2x i-x 2)
+iir(t)*iir(t)*rs(t)*rs(t)*6(t-2xi-2x2)
...(5.9)
If the source and microphone are brought towards the instrument 
the distances xi and X2 decrease and the terms in both equations start 
to overlap. In the limit when xi and X2 are zero and the source and 
microphone are both situated on the plane of the input of the 
instrument, the Fourier Transform of the two equations are
P(w)=l+IIR(w)+IIR(w).Rs(w)
+IIR(w)2.Rs(w)+IIR(w)2.Rs(w)2+ ...(5.10)
Zo.U(w)=l-IIR(w)+IIR(w).Rs(w)
- I IR ( w )2.Rs(w )+ IIR (w )2.Rs(w )2+ ...(5.11)
These can be rewritten as
P(w )=1+IIR (w ).Rs(w )+ IIR (w )2.Rs(w )2+...
+IIR(w ).{1+IIR(w ).Rs(w )+IIR(w )2.Rs(w )2+...} ...(5.12)
+iir(t)*6(t-xi)
5.8
Zo.U(w)=l+IIR(w).Rs(w)+IIR(w)2.Rs(w)2+...
-IIR(w).{l+nR(w).Rs(w)+IIR(w)2,Rs(w)2+...} .,.(5.13)
using the relation
l /( l+ x )  = 1 + x + x2 + x3 + ,..(5.14)
then
P(w)=(l+IIR(w))/(l+IIR(w).Rs(w)) ,..(5.15)
Zo.U(w)=( l-IIR (w )) / ( 1+IIR( w).Rs( w )) ...(5.16)
and the input impedance becomes
Z(w)=P(w)/U(w) = Zo.(l+IIR(w))/(T~TIR(w)) ...(5.17)
or alternatively
Z(w)=Zo.{Tf2.IIR(w)+2.IIR(w)2+2.IIR(w)3+...}
= Zo.{l+IIR’ (w)} ...(5.18)
where IIR’ (w) is the Fourier Transform of the input impulse response 
measured with a totally reflecting source at the input of the 
instrument.
5.2 Space-Time Analysis
The impulse response measured so far has been with an external 
measuring point, located in the source tube. However, the measuring 
point can be chosen to be anywhere inside or outside the instrument. A 
series of measurements has been made to examine the internal field of a 
French Horn bell, impulse response and bore reconstruction shown in 
F igs.(5.11) and (5.12). Holes were drilled through the wall of the bell 
at 2cm. intervals along’ the axis o f the horn, Fig.(5.10). A probe 
microphone, (B&K type 4170), can then be inserted though the wall of 
the horn to measure the pressure response as a function of radial and
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Fig.(5.9) s Calculated IIR(w) from transient mesurements made 
with the standard apparatus.
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Fig.(5.10) : Microphone arrangement for internal field
measurement.
>Fig.(5.12) s Bore reconstruction of the French horn bell.
.Amplitude
¥
Fig.<5.11) s iir(t) of the French horn bell.
The response measured is deconvolved with the pulse entering the 
horn, as measured in the source tube. By measuring the impulse response 
at different positions within the horn one can construct a space-time 
representation of the impulse response of the horn, by  plotting the 
acoustic pressure as a function of time and space (location).
Essentially only one measurement needs to be made, the measurement 
of pressure at all axial and radial positions for  all time giving 
p(x ,r) for each t; a space-space diagram. This would show the acoustic 
pressure as a function of location in the instrument, giving one 
diagram for each time point o f interest. Such a plot would show 
physically the shape of the pulse travelling down the instrument.
However this would mean the measurement of 200 or so impulse responses 
and the rearrangement of data between these. It was decided to stay in 
the space-time or space-frequency  format and measure the axial 
variation of the impulse response, p(x,t) for constant radial position, 
and the radial variation o f the impulse response, p (r ,t) for  constant 
axial position.
5,2.1 The Sensor Array
The method of field measurement to be described involves sampling 
the pressure waveform at a series o f points within the instrument. With 
only one probe microphone available this involves moving it from point 
to point and measuring the waveform at each point in turn. However, the 
principle o f space-time analysis is best explained by assuming we have 
an arrasr of sensors simultaneously measuring the disturbance caused by 
a passing pressure transient.
Consider the arrangement shown schematically in Fig. (5.13). The 
pressure disturbances at the sensors resulting from a plane wave
axial position.
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p r e s s u r e  im p u lse  com bine to  g iv e  d i f f e r e n t  sp a c e  tim e d ia g ra m s  
d e p e n d in g  on  th e  p ro p a g a t in g  d ire c tio n  o f th e  im p u lse , F ig .(5.14).
S im ilar d ia g ra m s  c a n  b e  fo u n d  fo r  w h e n  s p h e r ic a l  w a v e s  a r e  p ro p a g a t in g  
a n d  fo r  w h en  r e f le c t in g  s u r f a c e s  a r e  p r e s e n t .  F ig s .(5 ,1 4 a ) a n d  (5.14b) 
a r e  th e  c o n f ig u ra t io n s  r e l e v a n t  to  th e  h o rn  t e s t e d  a n d  a r e  now exam ined  
in  d e ta il,
5 .X 2 S e n s o r  lin e  p a ra l le l  to  p r o p a g a t in g  d ire c tio n
T h is  a r r a n g e m e n t  is  e q u iv a le n t  to  F ig .(5 .14b ), I f  th e  u n i t s  of 
tim e a n d  s e n s o r  sp a c in g  a r e  n o rm a lise d  to  one  th e n  a  p la n e  w ave im p u lse  
t r a v e l l in g  a lo n g  th e  lin e  o f th e  s e n s o r s  p ro d u c e s  a  r id g e  a t  a n  a n g le  
o f 45° to  th e  x ax is; a  r id g e  a lo n g  th e  lin e  x=t. I f  th e  so u n d  v e lo c ity  
is  n o t c o n s ta n t  in  th e  r e g io n  of i n t e r e s t  th e n  th is  r id g e  w ill n o t be 
s t r a ig h t .  I f  th e  v e lo c ity  in c r e a s e s  w ith  x th e n  th e  r id g e  w ill c u rv e  
to w a rd s  th e  x ax is , a n d  if th e  v e lo c i ty  d e c re a s e s  w ith  x th e n  th e  r id g e  
w ill c u rv e  aw ay  from  th e  x ax is ,
I f  a  r e f le c t in g  p la n e  e x is ts  in  th e  re g io n  of i n t e r e s t  th e n  
f u r t h e r  r id g e s  w ill a p p e a r  a n d  w ill h a v e  a  form  d e p e n d e n t  on  th e  
p r o p a g a t in g  d ire c tio n  of th e  r e f le c te d  w av es. If  th e  p la n e  is  p a ra l le l  
to  th e  tim e ax is  a t  x=xi th e n  a  r id g e  w ill a p ise a r, s t a r t i n g  from  xi a n d  
fo llow ing  a  lin e  p a ra l le l  to  th e  lin e  x = -t. O th e r  r e f le c t in g  s u r f a c e s ,  
e i th e r  p la n e  o r  c u rv e d ,  a n d  m u ltip le  r e f le c t io n s  c a n  b e  a n a ly s e d  in  a  
s im ila r w ay.
T he im p u lse  r e s p o n s e  o f th e  f r e n c h  h o rn  b e ll w as m e a s u re d  a t  4cm 
in te r v a ls  a lo n g  th e  h o rn  ax is , r=0. T he r e s u l t in g  sp a c e - tim e  d iag ra m  is  
sh o w n  in  F ig .(5 .15), v iew e d  from  tw o a n g le s . T he e s s e n t ia l  f e a tu r e s  a r e  
th e  in p u t  im p u lse  t r a v e l l in g  a lo n g  a n d  o u t  of th e  h o rn , R l, a n d  th e  low 
f r e q u e n c y  w ave r e f le c te d  o ff th e  b e ll, R2.
In  th e  f ig u r e  th e  in p u t  p u ls e  a m p litu d e  d e c a y s  w ith  x d u e  to  th e  
c h a n g e  in  c ro s s - s e c t io n  of th e  h o rn ,  th e  p r e s s u r e  is  s p re a d  o v e r  a
5.11
\CP
©
ft*
(1) (5)
(6)
(3)
(21
(■)
(b )
(c)
W)
Space-Tim e Diagrams 
Fig.(5.14) : Schematic space-time diagrams resulting from
pressure transient arriving from different directions.
F i g . (j . 15) : Axial V a r ia t io n  of impulse response i 4cm
reso lu tio n .
R2 R3
s p a t ia l
g r e a t e r  a re a , S im ila rly  th e  m ain  r e f le c te d  w ave o ff  th e  e n d  of th e  be ll 
in c r e a s e s  in  a m p litu d e  b e c a u s e  th e  w ave is  t ra v e l l in g  b a c k  th r o u g h  th e  
h o rn  a n d  th e  c r o s s - s e c t io n  is  d e c re a s in g . N otice th e  d ip  in  th e  to p  of 
th e  b e ll  r e f le c t io n  s u g g e s t in g  t h a t  i t  m ay be th e  sum  of tw o s e p a r a te  
r e f le c t io n s . T h is  is  c h a r a c te r i s t ic  o f th e  F re n c h  h o rn  a n d  m ay b e  a  
r e a s o n  w h y  p la y e r s  p u t  a  h a n d  u p  th e  b e ll to  im p ro v e  th e  r e s p o n s e ,  to  
c r e a te  one  s t r o n g  re f le c tio n .
F ig .(5.15) a lso  show s e v id e n c e  of a  r e f le c t io n  e m a n a tin g  from  40cm 
in to  th e  b e ll, R3. T he r id g e  c a n  b e  se e n  t r a v e ll in g  p a ra l le l  to  th e  
m ain b e ll r e f le c t io n  to w a rd s  th e  in p u t  o f th e  h o rn . T h is  s u g g e s t s  a  
i r r e g u la r i t y  in  th e  f la r e  o f th e  h o rn  a t  t h a t  lo ca tio n .
A m ore d e ta ile d  r e s u l t  is  s e e n  in  F ig . (5,16) w h e re  th e  ax ial 
in c re m e n t  is  r e d u c e d  to  2cm a n d  th e  m e a su re m e n ts  w ere  c o n c e n tra te d  
a ro u n d  th e  e n d  of th e  bell. A new  f e a tu r e  n o t v is ib le  in  F ig .(5.15) is  
th e  r id g e  t r a v e l l in g  p a ra l le l  to  th e  in p u t  r id g e ,  to w a rd s  th e  m ou th  of 
th e  h o rn , R4. T h is  is  p r o b a b ly  d u e  to  th e  f la re  i r r e g u la r i t y  d is c u s s e d  
a b o v e , a n d  is  p ro b a b ly  fo llow ing  th e  p a th  of i n p u t - b e l l - i r r e g u la r i t y -  
b e ll a g a in . N otice a lso  th e  r id g e s  t r a v e l l in g  p a ra l le l  to  th e  b e ll 
r e f le c t io n  b u t  a t  a  l a t e r  tim e, R5. T h e se  co u ld  be  a n  e x te n s io n  of th e  
b e l l - i r r e g u la r i ty  m u ltip le  r e f le c t io n , o r  th e y  co u ld  be  re f le c t io n s  
from  a n  o b je c t  in  th e  room  n e a r  th e  b e ll rim .
T he c h a n g e  in  s h a p e  of th e  in p u t  im p u lse  a s  i t  t r a v e ls  dow n th e  
h o rn  is  d u e  to  a  n u m b e r  of d i f f e r e n t  e f fe c ts .  T he a m p litu d e  re d u c t io n  
is  d u e  p r im a rily  to  th e  e x p a n s io n  o f th e  h o rn , p r e s s u r e  b e in g  s p re a d  
o v e r  a  g r e a t e r  s u r f a c e  a re a . R e flec tio n  of e n e rg y  b a c k  to  th e  in p u t  of 
th e  h o rn  o c c u rs  c o n tin u o u s ly  w h e re  th e  b o re  is  c h a n g in g . T h is  
r e f le c t io n  of e n e rg y  is  f r e q u e n c y  d e p e n d e n t  a n d  c a u s e s  th e  im pu lse  to  
b e  p r o g re s s iv e ly  ro u n d e d  a n d  s l ig h t ly  o s c il la to ry . In  a d d it io n  th e r e  is  
th e  e f f e c t  of v e lo c ity  d is p e r s io n  w h e re  h ig h  f r e q u e n c ie s  t r a v e l  f a s t e r
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reso lu tio n .
Fig.(5.16) : Axial variation of impulse response i 2cm spatial
down th e  h o rn  th a n  low.
5.2.3 S e n s o r  lin e  p e r p e n d ic u la r  to  p r o p a g a t in g  d ire c tio n
T h is  a r r a n g e m e n t  is  e q u iv a le n t  to  F ig .(5 .14a). F o r c o n s ta n t  
v e lo c i ty  m edium  a  p la n e  im p u lse  a r r i v e s  a t  a ll s e n s o r s  s im u lta n e o u s ly , 
fo rm in g  a  r id g e  p a ra l le l  to  th e  r  ax is . I f  th e  v e lo c ity  v a r ie s  in  th e  
d ire c tio n  o f p r o p a g a t io n  th e n  th e  r id g e  w ill s t i l l  a p p e a r  to  be  
s t r a ig h t ;  h o w e v e r , if  i t  v a r ie s  in  a n y  o th e r  w ay th e n  c u r v a tu r e  of th e  
r id g e  w ill o c c u r . A r e f le c t in g  p la n e  a t  t= t i  w ill p ro d u c e  a  r id g e  of 
th e  sam e o r ie n ta t io n  a s  th e  in c id e n t  b u t  a t  a  l a t e r  tim e.
A se c o n d  e x p e rim e n t w as p e rfo rm e d  to  in v e s t ig a te  th e  v a r ia t io n  of 
im p u lse  r e s p o n s e  w ith  r a d ia l  d is ta n c e  (from  th e  ax is  to  th e  w all o f th e  
b e ll) , w ith  th e  ax ia l p o s it io n  s e t  a t  3cm in s id e  th e  p la n e  o f th e  e n d  
o f th e  be ll. M e asu re m e n ts  w e re  m ade a t  0.5cm in te r v a ls  from  th e  ax is  of 
th e  h o rn  to  th e  w all o f th e  bell. T he r e s u l t  is  show n  in  F ig .(5.17).
E s s e n tia lly  we h a v e  a  h ig h  p a s s  f i l t e r e d  im p u lse  t r a v e l l in g  o u t  of 
th e  bell. T he h ig h  f r e q u e n c y  le a d in g  e d g e  of th e  p u ls e , R l, show s 
s ig n if ic a n t  c u r v a tu r e  s u c h  t h a t  th e  p u ls e  w a v e f ro n t  a r r i v e s  a t  th e  
ax ia l p o s it io n  s l ig h t ly  b e fo re  i t  d o es  a t  th e  w all o f th e  be ll. T h is  
e f f e c t  is  n o t  so m uch  v e lo c ity  d i s p e r s io n  b u t  th e  f a c t  t h a t  th e  p o r tio n  
of th e  w a v e f ro n t  a t  th e  w all o f th e  b e ll  h a s  to  t r a v e l  a  g r e a t e r  
d is ta n c e  to  r e a c h  th e  sam e ax ia l p o s itio n . T he w a v e f ro n t  is  th e r e f o r e  
n o t p la n e  b u t  s l ig h t ly  c u r v e d  a s  o n e  w ould  e x p e c t, J a n s s o n  & B enade  
(1974). T he a m p litu d e  of th is  h ig h  f r e q u e n c y  p o r tio n  o f th e  w av e  a lso  
sh o w s a n  a m p litu d e  r e d u c t io n  w ith  r a d ia l  d is ta n c e  in d ic a t in g  a 
c o n c e n tra t io n  o f h ig h  f r e q u e n c y  e n e r g y  o n  ax is  w ith  m inim al a m o u n ts  
c u rv in g  a lo n g  th e  lin e  o f th e  w all.
In  c o n t r a s t ,  a f t e r  th e  s h a r p  h ig h  f r e q u e n c y  t r a n s i e n t  com es th e  
sm ooth  low f r e q u e n c y  t r a n s ie n t ,  R2, w h ich  sh o w s a  h ig h  d e g re e  of
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F i g . (5 .17) : Radial v a r ia t io n  of impulse response fo r  an ax ia l
pos it ion  3cm inside the plane of the b e l l  rim.
F i g . (5 .18) s Radial v a r ia t io n  of impulse response fo r  an ax ia l  
position  3cm outside the plane of the b e ll  rim.
p la n a r i ty .  T h e re  is  l i t t le  c u r v a tu r e  o r  a t te n u a t io n  o f th i s  r id g 'e  w ith  
r a d ia l  p o s it io n  in d ic a tin g  t h a t  th e  low f r e q u e n c y  e n e rg y  is  s p re a d  
e v e n ly  o v e r  th e  c ro s s - s e c t io n  o f th e  h o rn .
T h is  m e a su re m e n t w as r e p e a te d  a t  a n  ax ial lo ca tio n  of 3cm o u ts id e  
th e  p la n e  of th e  e n d  of th e  b e ll, F ig .(5.18). Note t h a t  th e  r a d ia l  ax is 
is  r e v e r s e d  in  th is  m ea su rem e n t.
T he r e s u l t  is  v e r y  s im ila r to  F ig .(5.17) e x c e p t t h a t  th e r e  is  
g r e a t e r  a t te n u a t io n  of th e  low f r e q u e n c y  t r a n s ie n t  o ff  ax is. I t  is  
p o s s ib le  to  d e te c t  a  r id g e  t r a v e l l in g  a t  a n  a n g le  a c ro s s  th e  f ig u re ,
R3, p ro b a b ly  a  d i f f r a c te d  w ave o ff  th e  rim  of th e  bell.
5.2.4 Axial v a r ia t io n  of f r e q u e n c y  s p e c tru m :-  p (x ,f)  fo r  r=0
F ig .(5.19) show s th e  f r e q u e n c y  s p e c tru m  m e a su re d  a s  a  fu n c t io n  of 
ax ial d is ta n c e . A gain  th e  a m p litu d e  fa l ls  w ith  ax ia l d is ta n c e  d u e  to  
th e  e x p a n s io n  of th e  h o rn . T he m ain  f e a tu r e  to  n o te  is  th e  f r e q u e n c y  of 
maximum a m p litu d e  w h ich  in c r e a s e s  w ith  ax ia l d is ta n c e . T h is  r e s u l t s  
from  th e  re f le c t io n  of th e  v e r y  low f re q u e n c ie s  b y  th e  b e ll, b a c k  in to  
th e  h o rn . T h e re  a r e  tw o t r o u g h s ,  T I  & T2, a t  an  a n g le  to  th e  d is ta n c e  
ax is  w h ich  a r e  p ro b a b ly  d u e  to  d e s t r u c t iv e  in te r f e r e n c e  b e tw e e n  th e  
in c id e n t  p u ls e  a n d  th e  r e f le c te d  p u ls e  o ff  th e  bell.
In  F ig . (5.20) 1.0 h a s  b e e n  s u b t r a c te d  from  th e  r e a l  p a r t  of th e  
s p e c tru m  in  F ig .(5.19) to  e lim in a te  th e  c o n tr ib u t io n  of th e  in p u t  
im p u lse . T he r e s u l t  is  th e r e f o r e  th e  sum  of th e  t r a n s f e r  fu n c t io n  
b e tw e e n  in p u t  a n d  m e a su r in g  p o in t  a n d  th e  r e f le c te d  w ave o ff th e  bell.
S p a c e -tim e  a n d  s p a c e - f r e q u e n c y  m e a su re m e n ts  o f fe r  a  u s e fu l  in s ig h t  
in to  w ave p ro p a g a t io n  in  t u b u la r  sj^stem s. W hen a n  im p u lse  e n te r s  th e  
sy s te m  a n d  d e g e n e r a te s  in to  n u m e ro u s  t r a n s m it te d  a n d  r e f le c te d  
c o m p o n e n ts , e a ch  co m p o n en t of s ig n if ic a n t  a m p litu d e  sh o w s u p  a s  a n  
in d iv id u a l  r id g e  in  th e  d iag ram . R e fle c tin g  p la n e s  a n d  h e n c e  im p e d a n ce  
d is c o n t in u i t ie s  c a n  be lo c a te d  a n d  th e i r  in f lu e n c e  on  th e  in te r n a l
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Fig. <*». 19) : Axial variation of frequency spectrum.
F i g . (5 .20) s Axial v a r ia t io n  of frequency spectrum with 1.0  
subtracted o f f  the rea l p a r t .
T he m e a su re m e n ts  d e s c r ib e d  a b o v e  in v o lv e d  d r il l in g  h o le s  th r o u g h  
th e  w all o f th e  h o rn  to  allow  in s e r t io n  of th e  m ic ro p h o n e , t h i s  is  
o b v io u s ly  a  d e s t r u c t iv e  m ethod . H ow ever, w ith  a  com p le te  m odel f o r  w ave  
p r o p a g a t io n  in  h o rn s ,  th e  d ia g ra m s  c o u ld  be c a lc u la te d  from  th e  i i r ( t ) .
5,3 B ore R e c o n s tru c tio n
5.3.1 M ethod of S o n d h i
Once a n  a c c u r a te  m e a su re  o f i i r ( t )  h a s  b e e n  o b ta in e d  one  c a n  
ta c k le  th e  in v e r s e  p ro b lem  of d e te rm in in g  th e  b o re  of th e  in s t r u m e n t  a t  
a ll ax ia l p o in ts . T he r e f e r e n c e  p a p e r  h e re  is  th a t  of S o n d h i & R esn ick  
(1983) in  w h ich  th e y  d e s c r ib e  v a r io u s  a lg o r ith m s  b a s e d  o n  th e  I n p u t  
Im p e d a n ce  a n d  th e  S te p  R e f le c ta n c e  ( th e  in te g r a l  o f i i r ( t ) ;  th e  
r e f le c t io n  r e s p o n s e  o f th e  in s t r u m e n t  to  a  u n i t  s te p  of a c o u s tic  
p r e s s u r e ) .
T he a lg o r ith m s  b a s e d  on  th e  s te p  re f le c ta n c e  u s e  th e  m ethod  of 
c h a r a c te r i s t ic s  to  so lv e  s im u lta n e o u s  e q u a tio n s  fo r  th e  a r e a  fu n c tio n  
S (x), c r o s s - s e c t io n a l  a r e a  a s  a  f u n c t io n  of d is ta n c e , a c o u s tic  
p r e s s u r e ,  p (x ,t) ,  a n d  volum e v e lo c ity , u (x ,t) .
T he lo s s le s s  m odel r e d u c e s  to  so lv in g  th e  p la n e -w a v e  re f le c t io n  
c o e ff ic ie n t  fo r  e a ch  ax ia l p o in t  in  t u r n .  From  th e  in p u t  e n d  of th e  
tu b e  sy s te m  th e  c h a n g e  in  s te p  r e f le c ta n c e  fo r  e a ch  in c re m e n t  in  
siD ace/tim e is  r e la te d  to  a  c h a n g e  in  a r e a  of th e  tu b e .
T he lo ss  m odel fo rm u la te s  th e  m om entum  a n d  c o n tin u i ty  e q u a tio n s  to  
in c lu d e  s e v e ra l  u s e r  d e fin e d  lo ss  fu n c t io n s  a n a lo g o u s  to  
e le c tro m a g n e tic  m eth o d s . T he r e s u l t in g  s im u lta n e o u s  e q u a tio n s  p ro d u c e d  
from  a p p lic a tio n  of f in i te  d if f e re n c e s  a r e  a g a in  so lv e d  p r o g re s s iv e ly  
from  in p u t  to  o u tp u t .
w avefie ld  can  be c le a rly  seen .
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A ssum ing  so u n d  v e lo c ity , d e n s i ty  a n d  s o u rc e  tu b e  a r e a  to  be  u n i ty  
th e n  th e  p r e s s u r e  p (x ,t) ,  a n d  volum e v e lo c ity , u (x ,t) , a r e  r e la te d  b y  
th e  p a r t i a l  d i f f e r e n t ia l  e q u a tio n s
d _ .p (x ,t)  = -  1 .d ,u (x ,t)  ...(5 .19 )
dx S(x) d t
a n d
d _ .u (x ,t)  = -  S (x ) .d _ .p (x ,t)  ,.,(5 .20)
dx  d t
T a k in g  th e  sum  a n d  d if f e re n c e  o f th e s e  e q u a tio n s  g iv e s
cL .u (x ,t)+ d_u (x ,t)+ S (x )[d_p (x ,t)+ jd_p (x ,t)]= 0  ...(5 .21 )
dx d t  dx d t
d u ( x , t ) - d  u (x ,t ) -S (x ) fd  p (x ,t)+ d  p (x ,t) l= 0  ...(5 .22 )
dx d t  dx d t
T he in it ia l  d a ta  a r e  th e  p r e s s u r e  a n d  volum e v e lo c i ty  a t  x=0, 
w ith in  th e  s o u rc e  tu b e ,  o b ta in e d  from  th e  m e a su re d  in p u t  im p u lse  
r e s p o n s e  u s in g  th e  r e la t io n s
p (0 ,t)  = 1 + i s r ( t )  ...(5 .23 )
u (0 ,t)  -  1 -  i s r ( t )  ...(5 .24 )
w h e re  i s r ( t )  is  th e  in p u t  s te p  r e s p o n s e ,  th e  in te g r a l  of i i r ( t ) .
T he n u m e ric a l p r o c e d u r e  in v o lv e s  so lv in g  fo r  p (x ,t)  a n d  u (x ,t)  in  
th e  r e g io n  x < t  < 2L -x  w h e re  0 < x < L, L b e in g  th e  le n g th  of th e  tu b e  
sy s te m , a n d  c a lc u la t in g  th e  a r e a  fu n c t io n  from
S(x) = u (x .x ) ...(5 .25)
p(x ,x )
T he m ethod  is  d e p ic te d  g ra p h ic a l ly  in  F ig .(5.21), T he in it ia l  d a ta  
is  a r r a n g e d  s u c h  t h a t  fo r  N p o in ts  in  th e  tim e r e s p o n s e  e a c h  iDoint in  
p (0 ,t)  a n d  u (0 ,t)  o c c u rs  a t  0 ,2 ,4 ,6 ...2N  a lo n g  th e  tim e ax is . T he
5.3.1.1 The lo ss le ss  model
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Fig.<5.21) : Schematic representation of the numerical procedure
of Sondhi St Resnick (1983).
F o r J  = 0 ... N - l ,  i n te g r a t in g  a lo n g  th e  c h a r a c te r i s t ic  lin e  
x + t= c o n s ta n t g iv e s
U2J-M “ U2J + S(0).(p2J+l“P2j) =0 ...(5.26)
a n d  a lo n g  th e  lin e  x - t= c o n s ta n t  g iv e s
U 2J+ 1  “ U2J+2 - S(0).(p2J+l“P2J+2) =0 ...(5,27)
S o lv in g  th e s e  tw o e q u a tio n s  s im u lta n e o u s ly  g iv e s  u (2 j+ l)  a n d  
p (2 j+ l)  a n d  in  p a r t i c u la r  u ( l )  a n d  p ( l )  w hose  ra t io  g iv e s  S ( l ) ,  th e  
a r e a  a t  x= l. R e p e a tin g  th is  p r o c e d u r e  a llow s p (x ,t) ,  u (x ,t)  a n d  h e n c e  
S (x )to  b e  so lv e d  in  th e  w hole t r i a n g u la r  r e g io n  d e f in e d  ab o v e .
5.3.2 Im p u lse  R e s iu o n se -b a se d  B ore  R e c o n s tru c tio n  m odel
An a l te r n a t iv e  to  th e  a p p ro a c h  o f S o n d h i & R e sn ick , J a c k s o n  e t  a l 
(1977), is  to  c o n s id e r  th e  im p u lse  r e s p o n s e  to  h a v e  r e s u l te d  from  a  
tu b e  sy s te m  c o m p ris in g  e q u a l l e n g th ,  coax ial c y l in d e rs ,  F ig .(5.22).
W hen a n  im p u lse  o f a c o u s tic  p r e s s u r e  e n te r s  th e  sy s te m  th e  im p ed an ce  
d is c o n t in u i t ie s  a t  th e  c y l in d e r  ju n c t io n s  g iv e  r is e  to  m u ltitu d e  of 
t r a n s m it te d  a n d  r e f le c te d  w a v e s  w h ich  r a p id ly  in c r e a s e  in  n u m b er a s  th e  
im p u lse  t r a v e ls  th r o u g h  th e  sy s te m . T hose  co m p o n e n ts  t h a t  f in d  th e i r  
w ay  b a c k  to  th e  in p u t  fo rm  th e  im p u lse  r e s p o n s e .
T he im p u lse  r e s p o n s e  c a n  b e  c o n s id e re d  to  c o n ta in  p r im a ry , 
s e c o n d a ry  a n d  h ig h e r  o r d e r  c o m p o n e n ts . P r im a ry  c o m p o n e n ts  a re  th o s e  
w h ich  s u f f e r  o n ly  one  re f le c t io n  b e fo re  r e tu r n in g  to  th e  in p u t;  
s e c o n d a ry  s u f f e r  th r e e  a n d  so  o n  th r o u g h  th e  h ig h e r  o r d e r  c o m p o n en ts .
T he le n g th  of th e  c y l in d e rs  is  a s su m e d  to  be  s u c h  t h a t  th e  r o u n d -  
t r i p  t r a v e l  tim e from  one  e n d  o f a n  e lem en t to  th e  o p p o s ite  e n d  a n d  
b a c k  is  e q u a l to  th e  tim e in c re m e n t  b e tw e en  s u c c e s s iv e  p o in ts  in  th e
v a lu es  a t  1,3,5,7... a re  ca lcu la ted  a t  x=l in  th e  f i r s t  ite ra tio n .
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Fig.(5.22). a Schematic representation of the tube system relevant 
to the iir(t)-based bore reconstruction algorithm.
im p u lse  r e s p o n s e .  T he f i r s t  a lg o r ith m  to  be  d is c u s s e d  in c lu d e s  th e  
p r im a ry  c o m p o n e n ts  on ly .
T he b a s is  o f th e  a lg o r ith m  is  th e  lo s s le s s , p la n e -w a v e  re f le c t io n  
c o e ff ic ie n t
R(n+1) = ( S (n ) -S (n + l) ) / (S (n )+ S (n + l) )  ...(5 .28 )
w h e re  R(n+1) is  th e  r e f le c t io n  c o e ff ic ie n t  a t  th e  ju n c t io n  o f th e  n th  
a n d  (nH-l)th e le m en ts , a n d  S (n ) d e n o te s  th e  c ro s s - s e c t io n a l  a r e a  of th e  
n th  e lem en t. T he in it ia l  c o n d it io n  is  th e  c ro s s - s e c t io n a l  a r e a  of th e  
s o u rc e  tu b e ,  S ( s - t ) ,
An im p u lse  o f a c o u s tic  p r e s s u r e  e n te r s  th e  in s t r u m e n t  from  a  sem i­
in f in ite  s o u rc e  tu b e .  T he f i r s t  p o in t  in  th e  im p u lse  r e s p o n s e  is  th e  
re f le c t io n  of th e  im p u lse  from  th e  ju n c t io n  of th e  s o u rc e  tu b e  a n d  th e  
f i r s t  e lem en t of th e  in s t ru m e n t .
i i r ( l )  = (S (s ~ t)~ S ( l) ) / (S ( s ~ t)+ S ( l) )  = R (l)  .,.(5 .29)
w h e re  S ( s - t )  is  th e  c ro s s - s e c t io n a l  a r e a  of th e  s o u rc e  tu b e .  In  th is  
f i r s t  i te r a t io n  R (l)  is  e q u a l to  i i r ( l ) .
An in v e r s io n  o f th is  e q u a tio n  g iv e s  S('l) in  te rm s  of R (l)  a n d  
S ( s - t )
S ( l)  = S ( s - t ) . ( l - R ( l ) ) / ( l + R ( l ) )  ...(5 .30)
T he se c o n d  p o in t  in  th e  im p u lse  r e s p o n s e ,  i ir (2 ) ,  is  th e  s ig n a l 
t h a t  is  t r a n s m it te d  from  th e  s o u rc e  tu b e  in to  e lem en t 1, r e f le c te d  a t  
th e  ju n c t io n  of e le m en ts  1 & 2, a n d  t r a n s m it te d  b a c k  in to  th e  s o u rc e  
tu b e .
iir (2 )  = (1 + R (1 )) .(1 -R (1 )) .(S (1 )-S (2 )) /(S (1 )+ S (2 ))  ...(5 .31)
(1+R(1)) is  th e  t ra n s m is s io n  c o e ff ic ie n t  from  th e  s o u rc e  tu b e  to  
e lem en t 1 a n d  ( l - R ( l ) )  is  th e  tra n s m is s io n  c o e ff ic ie n t  from  e lem en t 1 
b a c k  in to  th e  s o u rc e  tu b e .
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S(2)=S(l).[(l+R(l)).(l-R(l))-iir(2)]/[(l+R(l)).(l-R(l))+iir(2)]
F u r th e r  te rm s  a r e  o b ta in e d  from
S (n) = S ( n - l ) . [ s u m ( n - l ) - i i r ( n ) ] / [ s u m ( n - l ) + i i r ( n ) ]
n
w h e re  su m (n ) = 2 (1+ R (I)).(1 -R (I))
1=1
A GFA BASIC p ro g ra m  l is t in g  o f th e  a lg o r ith m  is  sh o w n  in  A p p en d ix  1,
5.3.3 T e s tin g  o f th e  a lg o r ith m
A sp e c ia lly  d e s ig n e d  c a lib ra t io n  tu b e  w as c o n s t r u c te d  to  t e s t  th e  
accuracy?' of th e  d e c o n v o lu tio n  a n d  b o re  r e c o n s t r u c t io n  p r o c e d u r e s .
F ig s .(5.23) a n d  (5.24) show  th e  im pu lse  r e s p o n s e  a n d  b o re  
r e c o n s t r u c t io n  o f th e  c a lib ra t io n  tu b e .  T he b o re  r e c o n s t r u c t io n  show s 
good a c c u ra c y  e x c e p t fo r  th e  ro u n d in g  of th e  s h a r p  e d g e s  a t  th e  
ju n c t io n s  of s u c c e s s iv e  c y l in d e rs .  T h is  is  d u e  p r im a r i ly  to  p ro p a g a tio n  
lo s s e s , w h ich  th e  a lg o r ith m  d o es  n o t  c a te r  fo r . E xam ination  of th e  
im p u lse  r e s p o n s e ,  F ig .(5.23), sh o w s t h a t  th e  in d iv id u a l  r e f le c t io n s  
a r i s in g  from  th e  c y l in d e r  ju n c t io n s  c o n ta in  th e  ’t a i l s ’ 
c h a r a c te r i s t ic  o f f r e q u e n c y  d e p e n d e n t  a t te n u a t io n , se e  S e c tio n  (3,1.1),
I t  is  a lso  p o s s ib le  t h a t  n o n  p la n e -w a v e  p ro p a g a tio n  is  sh o w in g  u p  a t  
th e  d is c o n t in u i t ie s  b u t  w ith  a r e a  c h a n g e s  of th e  o r d e r  o f a  few  p e r  
c e n t  th e s e  a r e  l ik e ly  to  b e  m inim al. F ig s .(5.25) a n d  (5.26) show n  th e  
i i r ( t )  a n d  b o re  r e c o n s t r u c t io n  o f a n  o p e n  e n d e d  c y l in d r ic a l  tu b e  w ith  a  
ro d  in s e r te d  b y  a b o u t  50cm to  r e d u c e  th e  c ro s s - s e c t io n a l  a re a .
5.3.4 T he In c lu s io n  o f L o sse s
W here th e  b o re  o f th e  in s t r u m e n t  v a r ie s  slow ly  in  th e  ax ia l 
d ire c tio n , i .e . w h e n  re f le c t io n  c o e ff ic ie n ts  a r e  o f th e  o r d e r  of a  few
S(2) is  o b ta in ed  from
...(5.32)
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F i g . (5 .23 ) : I i r ( t )  of the c a l ib ra t io n  tube.
Effective Radius (mm) 
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F i g . (5 .24) r Bore reconstruction  of the c a l ib ra t io n  tube compared
to actual bore.
Amp Ii tude
F i g . (5 .25 ) : I i r ( t )  of the c y l in d r ic a l  tube with rod inserted .
Effective Radius (mm)
Distance Along Axis (cm)
F i g . (5 .26) s Bore reconstruction  of the c y l in d r ic a l  tube with rod 
inserted compared to  actual bore.
per cent, secondary waves which suffer two more reflections than the 
primary waves can be neglected. However, because their number is so 
great, the flare of the bore needs only to increase by a small amount 
for their contribution to become significant.
A second algorithm has been written to include the secondary 
waves, with the GFA BASIC program listing aiso shown in Appendix 1. To 
compare the two algorithms the impulse response of a cone of 2m in 
length and with radii of 0.5 and 2.5cm was calculated from the 
impedance method of Plitnick & Strong (1979). Bore reconstructions 
using the two algorithms are shown in Fig. (5.27).
There is a significant improvement with the inclusion of the 
secondary waves although the absolute error increases with distance 
along the axis. Jackson et al (1977) noticed this effect with cones 
also and suggested losses as the main reason, although in this case we 
could be seeing limitations in the impedance method of Plitnick and 
Strong (1979). It is interesting that in the bore reconstructions of 
the alphorns measured in Section (6.4), nominally conical instruments, 
there is no evidence of the same effect.
5.3.5 D.C. Errors
Analogue to Digital converters are notorious for putting d.c. off­
sets, which increase in magnitude with the number of samples taken, on 
the measured signals. There appears to be no plausible explanation for 
this and so the offsets must be subtracted from the measured data. A 
standard way of doing this is to take n samples with a positive input 
pulse and another n with a negative pulse and adding the first n to the 
inverted second n samples. The d.c. level should then cancel out and 
indeed this seems to be the case. However in the deconvolution 
procedure the off-set reappears, even if the d.c. value in the
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F i g . (5 .27) : Bore reconstruction  of the te s t  cone compared to
actual bores ____  primary and secondary waves included, ._
primary waves only.'
frequency domain division is set to zero prior to inverse 
transformation.
Sidell & Fredberg (1978) suggested that the d.c. offset can be 
determined by integration of the imaginary part of the frequency domain 
form of the impulse response; this integral should be zero. This 
method was tried and gives a good first guess at the d.c. offset but is 
not accurate enough for detailed analysis of bore reconstructions.
The bore reconstruction algorithm allows for the subtraction of a 
d.c. value, this value being found by calibrating the algorithm with a 
known bore somewhere in the tube system under test. Obviously with an 
instrument or tube system of which we know nothing of the bore this 
cannot be done and one may have to rely on the integral method 
described above or seek alternative methods.
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"But I’m not a serpent, I tell you!" Said Alice.
C h ap te r 6 : R esu lts
Trombone, Alphorn and Serpent. Impulse response, input impedance and 
bore-reconstruction results are presented for each class of instrument 
in turn.
6.1 Trumpets
Four trumpets were tested during the course of this study, three 
made by Richard Smith Musical Instruments Ltd. and one by Yamaha. The 
Smith-Watkins instruments are designated by their serial numbers #6,
#12 and #16. Instruments #6 and #12 were constructed to be nominally 
identical but the opinion of players was that one, #6, was ’harder to 
blow’ and ’stuffy’. As a result, close comparisons were made between 
the two to see if structural differences were apparent.
Fig s. (6.1) to (6.4) show the input impulse responses of the four 
trumpets. Comparison of any of the Smith-Watkins instruments with the 
Yamaha shows that in the central part of the instrument, around the 
valves, the latter exhibits much larger reflections. This means that 
changes in bore resulting from the assembly x>rocess are significantly 
larger. Where two pieces of tubing are joined to form a nominally 
cylindrical tube there is invariably going to be a slight irregularity.
A trumpet incorporates around twenty or so of these junctions and the 
quality of the instrument very much depends on the quality?- of these 
junctions. The Smith-Watkins instruments are constructed from thin- 
walled brass tubing to minimise bore discontinuities at junction 
X^ oints, a major reason for their smooth looking impulse responses.
The in s tru m e n ts  s tu d ie d  in  th is  r e p o r t  a re  th e  T rum pet,
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Fig. (6 .1 )  s l i r ( t )  of the 1 • trumpet.
Amp Ii tude
T i me (ms)
Fig.(6.2) s Iir(t) of the Smith-Watkins #12 trumpet.
Amp Ii tude
F i g . (6 .3 )  : I i r ( t )  of the Smith-Watkins #16 trumpet.
A m p !i tude
T i m e ( m s )
Fig . (6 .4 )  : l i r ( t )  of the ' trumpet.
The bore-reconstructions of the four instruments are shown in 
Figs.(6.5) to (6.8). The smoothness of the Smith-Watkins bores relative 
to the Yamaha are obvious from these figures and certainly give 
strength to the decision of Smith-Watkins to adopt thin-walled 
tubing.
The impulse responses of Smith-Watkins #6 and #12 are superimposed 
in Fig.(6.9), Both instruments were measured with the same 
interchangeable leadpipe; the responses, therefore, are identical up to 
its junction with the tuning slide. From this point the responses show 
small differences right up to the end of the bell. The most noticeable 
difference is at the end of the bell where #6 appears to be slightly 
longer. Unfortunately no physical measurements are available to 
confirm this.
The bore reconstructions of the two, Figs,(6.5) and (6.6) and 
superimposed in Fig,(6.10), show that there is little observable 
difference on this scale. On an expanded vertical scale, Fig.(6.11), 
small differences in bore become apparent between the leadpipe and 
bell. The largest difference at around 57cm is about 0.1mm in radius.
It is difficult to make any definite comments here as losses smooth the 
traces and obscure individual features. With both instruments being 
built from nominally identical components, any difference between the 
bores is due largely to the construction process. There is little 
evidence to suggest a definite fault in one of the instruments. It 
would appear that the observed discrepancies can be put down to 
constructional variances which should ideally be limited to tolerance 
levels. We do not at present have enough experience in this kind of 
analysis to predict how such subtle differences in bore relate to 
playing characteristics.
F ig ,(6.12) show s th e  su p e rp o s itio n  of th e  b o res  of #6 an d  #16 on
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F i g . (6 .5 )  : Bore reconstruction  of the trumpet.
Fig.(6.6) : Bore reconstruction of the Smith-Watkins #12 trumpet,
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F i g . (6 .7 ) : Bore reconstruction  of the Smith-Watkins #16 trumpet
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F i g . (6 .8 ) s Bore reconstruction of the S-w AQ trumpet.
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F i g . (6 .9 ) : Superposition of the  i i r ( t )  of Smith-Watkins #6 and
#12.   #6 , #12.
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F i g . (6 .10) s Superposition of the bore reconstructions of Smxth- 
Watkins #6 and #12. ___  #6, #12
Effective Radius (mm/10)
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F i g .<6.11) i Superposition of the bore reconstructions of the  
Smith-Watkins #6 and #12, expanded v e r t ic a l  sca le . ___  #6, #1
Effective Radius (mm/10)
Fig,(6.12) : Superposition of the bore reconstructions of Smith-
Watkins #6 and #16, expanded vertical scale. __  #6, #16.
the expanded vertical scale. The nominal radii of the instruments are 
5.84 and 5.89mm respectively. Up to about 60cm the bore difference is 
quite apparent and accurate to within about 0.05mm. Towards the valves 
they appear to be about the same, possibly due to misalignments. The 
different bell profiles are quite apparent from about 85cm.
In Fig.(6.13) the bore reconstruction of #6 measured on two 
separate occasions is shown. Differences between the two traces are 
minimal and mainly due to d.c. offsets on the impulse responses.
The impulse response and bore reconstruction of the Yamaha with 
all valves depressed are shown in Figs.(6.14) and (6.15). This allows 
vis to look at the extension tubes used for lowering the pitch by given 
amounts and also the valves vised to introduce them into the air-flow. 
The valves were held down to their maximum depression with tape, which 
should give correct alignment:- diversion of the air-flow through the 
relevant extension tvibe with least interference from the valve itself.
Any valve misalignment should show up as a distinct reflection in the 
impulse response (see Fig.(4.19) for an illustration of the effect of 
valve misalignments). Fig.(6.14) shows a number of large reflections 
dvie to the valves and sharp bends in the extension tvibes which can be 
approximately located within the instrument. However, the bandwidth 
limitation of 4kHz (dvie to attenuation in the source tube) does not 
permit features less than a centimetre apart to be distinguished. This 
is the main limitation of the apparatus in its current state, 
differences can be detected between instruments but accurate location 
to within a few millimetres is not possible.
Figs.(6.16) and (6.17) are the bore-reconstructions of Smith- 
Watkins #6 and #12 with all valves depressed. The traces are almost 
indistinguishable and on this scale do not show the slight differences 
observed in the impulse responses. Amplification would highlight the
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Fig.(6.13) s Superposition of the bore reconstructions of Smith- 
Watkins #6 measured on two separate occasions, expanded vertical
scale.
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Fig.(6.14) : Iir(t) of the Yamaha trumpet with all valves
depressed.
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Fig.<6.15) : Bore reconstruction of the Yamaha trumpet with all
valves depressed.
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Fig.(6.16) : Bore reconstruction of the Smith-Watkins #6 with all
valves depressed.
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Fig.(6.17) : Bore reconstruction of the Smith-Watkins #12 with
all valves depressed.
differences but without a greater signal bandwidth accurate analysis is 
not really possible.
6.2 Trombones
A total of seven trombones has been studied:-
Medium Bore Trombones : nominal bore 0.500"
(i) Lafleur
(ii) Boosey & Hawkes Sovereign
(iii) Boosey & Hawkes 636
(iv) Boosey & Hawkes Imperial
Large Bore Trombones
(i) Boosey & Hawkes Sovereign : bore 0.547"
(ii) Boosey & Hawkes Sovereign Bass : bore 0.562"
The impulse response of the Sovereign large bore tenor is shown 
in Fig. (6.18), Because of the long cylindrical parts of the trombone 
its impulse response is rather simpler and easier to interpret than 
that of the trumpet. The leadpipe, slide bend and bell section are 
clearly separated in time by the cylindrical slide tubes.
The leadpipe incorporates a constriction to accommodate the 
mouthpiece followed by an expansion to nominal bore to interface with 
the first slide tube. In the impulse response this produces the 
disturbance shown in the figure:- a positive-negative reflection. In 
addition there is a sharp negative reflection at around 1.2ms due to a 
step increase in bore at the junction of the leadpipe with the input 
slide tube.
The slide bend (at around 4ms) produces a negative reflection at 
the expansion from the input slide tube into the slide and a positive 
reflection at the constriction from the slide into the output slide 
tube. In between there a considerable disturbance caused by the bend
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Fig. <6.IB) : Iir(t) Df the Sovereign large bore tenor trombone, 
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Fig.(6.19) : Bore reconstruction of the Sovereign large bore
tenor trombone.
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Fig.( 6.20) s 3ir(t) of the Sovereign large bore tenor trombone 
with the elide pulled out to the F position.
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Fig.(6.21) s Iir(t) of the Sovereign large bore, bass trombone.
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F i g . (6 .22) : I i r ( t )  of the Imperial medium bore tenor trombone.
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Fig.(6.23) : Iir(t) of the Sovereign medium bore tenor trombone.
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Fig.(6.24) : Iir(t) of the Lafleur medium bore tenor trombone
A m p ! i tude
Fig. (6.jio) : lir(t) of the 636 medium bore tenor trombone.
itself and the waterkey. At around 10ms a negative reflection signifies 
the junction of the output slide tube with the bell section.
The bore reconstruction of the Sovereign in shown in Fig,(6,19).
The leadpipe, slide bend and bell junction are clearly visible here but 
one error is appai'ent. The bore of the output slide tube is predicted 
as being greater than that of the input slide tube whereas they should 
be the same. This error has been found in all trombones tested and the 
reason for it is not clear, It is unlikely to be losses as it is the 
low frequencies which provide information about the basic bore size; 
the high frequencies giving the sharp edges. A possible cause could be 
the bend in the slide containing the waterkey. Basically there is a 
cavity between the two ends of the slide tubes which is bent round by 
the slide. Another possible cause could be the fact that this cavity is 
not sealed:- sound energy could leak down the gap between the slide 
tubes and the slide which encases them.
Fig,(6.20) shows the impulse response of the Sovereign with the 
slide pulled out to the F position. This separates the reflections 
from the input and output slide tubes and the bend in the slide. The 
disturbance caused by the bend is quite considerable.
The impulse response of the large bore sovereign bass trombone is 
shown in Fig.(6.21). The remainder of the trombones are all medium bore 
instruments. For these instruments a tapering extension was used to 
connect them to the source tube, this results in the disturbance in the 
first 1.5ms of the impulse response. Figs,(6.22) to (6.25) show the 
impulse responses of these instruments.
6.3 Alp horns
The Alphorn, as its name suggests, is an instrument emanating from 
the alpine region of Europe. The instrument was used for
6.5
intercommunication and at daily ceremonies and seasonal festivals. The 
Alp horn was mentioned by the Roman historian Tacitus (c. AD 56-117) 
and similar instruments occur in Scandinavia, Lithuania, the 
Carpathians and the Pyrenees.
Normally around 3m in length, the instrument is carved from Cedar 
and overwound with Birch bark. A suitably shaped tree is felled, 
stripped and cut to the right length. It is then split down its axis, 
hollowed out and rejoined to form a conical bore. Typically, a tree is 
found which grows horizontally out of a bank and then turns upwards to 
grow vertically. This produces up-turned bell commonly found in 
Switzerland. The modern instrument is normally built in two parts for 
convenience which join together to form one long conical bore or two 
cones of different angle.
The measurements on alphorns were made in collaboration with 
Philip Drinker, an alp horn maker from Boston, USA. Measurements are 
presented for two horns, one made by Drinker and the other by Oberli in 
Gstadt. Figs.(6.26) and (6.27) are the impulse responses of the two 
horns. The Oberli has an obviously smoother response and examination of 
the bores in Figs.(6.28) and (6,29) show the Oberli to have a smoother 
bore shape.
A basic design difference between the two instruments is apparent 
from the bore-reconstructions: the Drinker is built, (in two parts) to 
produce one long cone with a short flare at the end, whereas the Oberli 
incorporates two cones of different gradient with a very short region 
of flare at the end.
The input impedances of the two horns are presented in Figs,(6.30) 
and (6.31). Comparison of the two is complicated by the different 
lengths of the horns. The Oberli, being shorter, has its impedance 
peaks at higher relative frequencies to the Drinker, but by comparing
6.6
Amp I i tude
T i m e ( m s )
Fig.(6.26) : Iir(t) of the Oberli alphorn.
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Fig.(6.27) s Iir(t) of the Drinker alphorn.
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Fig.(6.26) ! Bore reconstruction of the Oberli alphorn.
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Fig. <6.29) s Bore reconstruction of the Drinker alphorn.
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F i g . <6.30) s Input impedance of the Oberli alphorn.
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Fig.(6.31) s Input impedance of the Drinker alphorn.
corresponding peaks one can get some idea of differences in intonation 
and resonance levels.
6.4 Serpents
The Serpent was probably invented in 1590 by Edme Guillaume, a 
French canon of Auxerre, as an improvement on bass versions of the 
closely related Cornett. It is made of wood in a serpentine curve with 
a 2-2.5m conical bore and six finger holes. Originally it accompanied 
plainchant (Gregorian chant) in churches and was a standard wind bass 
in military bands until being superseded in the 19th century by brass 
basses. In about 1800, keys were added, extending the players reach and 
allowing higher notes to be produced. Metal serpents also appeared, as 
did bassoon-shaped versions. The instrument was played in a few rural 
French churches up to the early 20th century but the remaining 
instruments have survived mainly as museum pieces. Recently, there has 
been a resurgence in the performance of early music played on original 
or reproduction instruments, leading to a new demand for replica 
serpents.
One of the foremost makers of replica serpents is Christopher Monk 
from Surrey. He brought two instruments to the laboratory for 
investigation. One was made in 1810 by Baudouin, Paris; the other was a 
replica of this made by Monk himself.
The impulse responses of the two instruments are shown in 
Figs.(6.32) and (6.33). Both instruments were measured with the same 
’crook’ attached:- a right-angled brass tube incorporating a mouthpiece 
which slides into the wooden leadpipe of the instrument. The first 
2.5ms , due to the crook, is the same in both figures. After this 
point there are significant differences between the two responses. The 
Baudouin has a much smoother response after about Sms and a slightly 
larger bell reflection but apart from this there is little to choose in
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Fig.(6.32) : Iir(t) of the Baudouin serpent.
Amp I i  t u d e
Fig.(6.33) i lir(t) of the Monk serpent.
Phase(Rad i ans)
Magn i tude(MegO hms )
F requency(Hz)
Fig.(6.34) : Input impedance of the Baudouin serpent.
Phase(Rad i a n s )
Magn i tu de (MegOhms)
Frequ e n c y (H z )
Fig.(6.35) s Input impedance of the Monk serpent.
terms of smoothness of response. The fact that there are several bends 
in the instrument makes it difficult to maintain a smooth increase in 
bore over the whole length of the instrument,
The input impedances of the two are shown in Figs.(6,34) and 
(6.35). The magnitude peaks of the Baudouin are more regularly spaced 
and greater in amplitude than those of the Monk. The latter point means 
that the notes are generally easier to obtain.
The bore reconstructions of the two are not available for 
publication here but showed considerable differences. Both instruments 
maintained the nominal conical bore to within 3mm radius, the Baudouin 
being slightly smoother. These results were of considei-able value to 
Monk who reworked the bore of his replica to give significant 
improvements in intonation.
6.8
C h ap te r 7 : C om puter A ided D esign
Analysing wind instrument performance from scientific measurements 
of acoustical properties needs to be done with care. The relationship 
between the subjective aspects of playing and the impulse response or 
input impedance has not been studied in detail. However, recent work on 
the player-instrument interface should allow the problem to be studied 
in depth in the near future. In the meantime it is possible to form a 
design procedure based on the relationship between the bore of the 
instrument and its impulse response or input impedance.
Fig,(7.1) shows schematically the relationships that exist between 
the bore, impulse response and the input impedance. A Computer Aided 
Design (CAD) approach can now be taken to the design of instruments. If 
a desired impedance can be specified then an impulse response and 
subsequently a bore can be calculated. Alternatively the bore can be 
calculated directly from a specified impulse response but the musically 
important features of the impulse response have not been studied in 
detail.
A different approach would be to modify the measured impedance of 
a real instrument numerically to effect an improvement in quality and 
calculate a bore reconstruction of the new impedance to see what 
changes in bore are required to improve the instrument.
The main problem that arises here is that an impractical bore may 
result. Most instruments rely on a nominally cylindrical bore for the 
greater part of the instrument, for example the slidesection of a
7.1 In tro d u c tio n
7.1
Fig.(7.1) s Schematic relationships between input impedance, 
impulse response and bore.
P h a s e (rad i ans >
Magn i tude(MegDhms)
F requency(Hz)
Fig.(7.2) s Input impedance of an open-ended cylindrical tube of 
lcm radius and 1.5m length.
trombone. If the method suggests that a non-cylindrical bore is 
required here then manufacturing problems are created. The CAD approach 
to instrument design is explored in Section (7.5). The following 
section examines the essential features in the input impedance of an 
instrument.
7.2 Box-e effects on the input impedance
In this section the wind instrument is approximated by a contoured 
leadpipe, a cylindi'ical mid-section and a bessel horn. The impedances 
of these sections are calculated individually and in combination to 
examine the influence of different parts of the bore on the overall 
input impedance profile. This is a development of the work of Wogram 
(1972) who adopts a similar approach but considers only cylindi'ical and 
conical bore elements.
7.2.1 The Straight Tube
Fig.(7.2) shows the calculated input impedance of an open ended,
1.5m cylindi'ical tube of 1cm radius, when driven by a piston at x=0.
The frequency location of each peak is given by the equation
f (n) = 0.25(2n-l)(c/L) ...(7.1)
where n is the number of the peak, L is the length of the tube and c is 
the sound velocity. The amplitude of the peaks decreases with 
increasing frequency due to frequency dependent (mainly viscous) 
attenuation.
7.2.2 Addition of a Horn
A Bessel horn is now incorporated into the design with the form
d(x) = B.(x+A)-“ ...(7.2)
where d(x) is the diameter of the horn xm from the open end, m is the 
flare factor and A and B are parameters determined by the desired
7.2
diameters at both ends, A trombone bell is reasonably well described 
by the parameters m=0.6, A=0.013 and B=0.0147. The bells of other 
instruments are not well described by the Bessel form, or any other 
mathematical curve in fact.
Fig,(7.3) shows the input impedances of three tube-horn systems, 
the profiles of which are shown in Fig.(7.4). All the horns have a 
flare constant of 0.6 but different lengths, 0.5, 0.7 & 0.9m. An 
appropriate length of cylindrical tube has been added to make the total 
length 1,5m in each case. The main difference between the straight tube 
and the tube-horn systems is that in the latter the peaks are shifted 
bodily up in frequency by 301Iz or so, This is an important contribution 
to the musical quality of horns as it allows better alignment of the 
harmonics in a musical tone with the natural resonances of the tube- 
horn system. A second consistent difference between the straight tube 
and tube-horn systems is that the horn system has a first peak of 
greater amplitude but the higher peaks have a reduced amplitude 
compared to the cylindrical tube. Also apparent are slight deviations 
in the resonant frequencies of the tube-horn systems, most noticeably 
the fundamental.
Fig,(7,5) shows the input impedances of three tube-horn systems 
with flare constants of 0.4, 0.6 & 0.8, all with horn lengths of 0.7m 
added to a 0.8m cylindrical tube. The resultant bore profiles are shown 
in Fig,(7.6). The fundamentals line up fairly closely but the higher 
resonances show large differences in frequency location. The m=0.8 horn 
tends very closely to the cylindrical tube at high frequencies, as is 
expected from a horn which is close to cylindrical for the most part, 
expanding rapidly in the last 10cm or so.
7.2,3 The leadp ipe
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Magn i t u d e ( Me g O h ms )
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F r e q u e n c y ( H z )
Fig.<7.3) : The influence of horn length on the input impedance
of a tube-horn system : ___ 0.5m,   0.7m, ._ 0.9m.
Rad i u s ( c m )
D i s t a n c e ( c m )
Fig.<7.4) * Tube-horn profiles for Fig.<7.3).
Phase < rad i ans)
Magn I tude < MegO h m s )
Frequency(Hz)
Fig.(7.5) s The influence of flare constant on the input
impedance of a tube-horn system : ___ m=0.4,   m=0.6,
m=0.8.
Red i u s (c m )
D i s t a n c e (cm)
Fig. <7.6) s Tube-horn profiles for Fig.<7.5).
The leadpipe is an essential part of the instrument, matching the 
mouthpiece to the main bore of the instrument. The trombone leadpipe 
generally has a (conical) constriction to accommodate the mouthpiece 
and conical expansion covering a total length of only 15cms or so. In 
the french horn the leadpipe has a parabolic profile, and in trumpets 
the iDrofile varies considerably; Smith-Watkins offer a total of fifteen 
different leadpipe shapes in their trunrpet range. Each x^rofile 
considerably affects how the instrument plays and is often chosen to 
balance a given bell shax>e.
Richard Smith considers the total volume of the instrument to be 
critical to its blowing characteristics. It is thought that a given 
player will have an optimum instrument volume which will suit his 
physical capacity and playing characteristics. The sound he desires may 
require a large bell volume which would be balanced by a low volume 
leadpipe.
The input impedances of conical, parabolic and inverse parabolic 
leadpipes of 20cm in length, each connected to a 1.3m straight tube to 
give the same overall length of 1,5m, are shown in Fig,(7.7), with the 
profiles shown in Fig.(7.8). Expanding leadxupes generally boost the 
midrange of the impedance, from the 3rd to 6th or 7th x:>eaks, the most 
pronounced example of this being the inverse parabolic. The 
constricting leadpij>e profiles have the effect of boosting the first 
peak and suiupressing the higher ones. Fig,(7.9) shows the corresponding 
impedance for a conically constricting leadpix^ e of initial diameter of 
3 cm.
A trombone leadx?ipe is approximated by a 10cm conical constriction 
from 2 to 1cm diameter followed by a symmetrical expansion back to 2cm 
diameter. The impedance of this profile is shown in Fig,(7.10),
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F r e q u e n c y ( H z )
F i g . (7 .7 ) : The in fluence  of leadpipe p r o f i l e  on the input
impedance of a leadpipe-tube system s   con ica l,  parabo lic ,
  inverse parabolic .
Fig.(7.8) : Profiles for Fig.(7.7).
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F i g . (7 .9 )  
leadpipe.
F r e q u e n c y ( H z ) 
s The input impedance of a c o n ica l ly  co n str ic t in g
P h a s e  ( r a d i a n s )
Magn i t u d e ( M e g O h ms )
F i g . <7.i0> 
leadpipe.
F r e q u e n c y ( H z )
The input impedance of an approximate trombone
An important result from looking at the Figures is that the 
structures examined all have a broad-band influence on the overall 
input impedance and contribute to an overall impedance ’profile’. These 
structural features are not frequency selective and cannot be used to 
increase the height of an individual peak for instance. To produce this 
’narrow band’ effect one needs to look at discontinuities in the 
instrument bore. Such discontinuities in the trombone occur at the bell 
junction, a small expansion in bore, and the end of the slide where an 
expansion is followed by a constriction. Fig.(7.11) shows the input 
impedance of the 1.5m tube with a sudden decrease in bore at 0.33m from 
the input. The effect of the discontinuity is to increase the size of 
the 5th peak relative to the others. This is due purely to constructive 
interference. Also shown in Fig.(7.11) is the converse effect which is 
produced by an increase in bore at 0.33m from the input. Here the 5th 
peak is suppressed by destructive interference. Although a specific 
peak can be altered as desired, one has the disadvantage that the 
overall impedance profile is altered also, so such modifications must 
be made with care.
Physical measurements of the discontinuities of the Sovereign 
large bore tenor trombone have been made to see if constructive and 
destructive effects occur close to the impedance peaks. It turns out 
that the expansion at the end of the input slide has a constructive 
effect at exactly the frequency of the sixth peak and close to the 
second. The destructive frequencies all occur away from the impedance 
peaks. The bell junction has constructive interference frequencies at 
exactly the eighth peak and close to the sixth again, although a 
destructive frequency occurs close to the ninth peak.
It would appear then that the main discontinuities help rather
7.2.4 D iscon tinu ities
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F i g . <7.11) : The input impedance of a i.5m open ended
c y l in d r ic a l  tube with a decrease in radius from I to  0.8cm at 
0.33m fromthe input (____ >, an increase in  rad ius  from 1 to  1.2cm
Amp Ii tude a t 0.33m from the input
TI m e (ms )
F i g . (7 .12) : The in fluence  of horn length on the i i r ( t )  of a
tube-horn system s _ 0.5m,____0.7m, _ 0.9m.
than hinder the natural resonances of the instrument. Certainly, the 
generally high nature of the sixth peak of the trombone impedance could 
be put down, in part at least, to the expansion at the end of the input 
slide tube.
7.3 Bore effects on the input impulse response
Following on from Section 7.2, this section illustrates the input 
impulse responses of the structures detailed above. The influence of 
horn length on iir(t) is shown in Fig.(7.12), for the profiles of 
Fig.(7.4). Fig.(7.13) shows the influence of horn flare constant on 
iir(t) for the profiles of Fig.(7.6). The impulse responses of the 
leadpipe profiles of Fig.(7.8) are shown in Fig.(7,14). Fig.(7.15) 
shows the iir(t) of the approximate trombone leadpipe.
These Figures are included for completeness; it is not possible as 
yet to say too much about how features in the impulse response affect 
the playing characteristics of instruments.
7.4 Input Impedance based Design Procedure
With this knowledge of structural effects on the input impedance 
it is now possible to design an instrument to have a given impedance
profile. A possible design procedure could be as follows
(i) Fix bell shape:- length and flare factor.
(ii) Add the discontinuities inherent in the design:- at the 
bell junction and slide end.
(hi) Observe current impedance profile and
(iv) Decide on a leadpipe profile to give the overall
desired input impedance profile.
(v) Repeat some of the steps to fine-tune the impedance.
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Fig. (7.13)- s The influence of flare constant on the iir(t) of a 
tube-horn system : ___ m=0.4,   m=0.6, ._ m=0.8.
Amp I i t u d e
T i me ( ms )
Fig.<7.14) s The influence of leadpipe profile on the iir<t) of a
leadpipe-tube system s ____  conical,  parabolic, inverse
parabolic.
As m entioned  in  S ection  (7 .1 ), on e  o f  the m ore p o ten tia lly  u se fu l 
a s p e c ts  o f  CAD com es from  o b se rv in g ' th e  b ore  r e c o n s tr u c t io n  o f  the 
m odified  in p u t im pedan ce o f  an in stru m en t. I f , f o r  in s ta n ce , on e  o f  the 
im pedan ce p ea k s is  ou t o f  line w ith  th e  r e s t , o f f -p i t c h  o r  
s ig n ifica n tly  d if fe r e n t  in  am plitude, it can  be n u m erica lly  c o r r e c te d  
and  a new  b o re  ca lcu la ted . It  m ay w ell be  th at the new  b o re  is 
d if f ic u lt  to  m an u factu re  b u t  th e  p r o c e d u r e  may w ell g iv e  u se fu l 
in s ig h ts  to  th e  d e s ig n e r .
The e ssen tia l elem ent in  th is  k in d  o f  d e s ig n  p r o c e d u r e  is  a 
th o ro u g h  e n ou g h  k n ow led g e  o f  th e  in p u t im pedance o f  in stru m en ts  su ch  
th a t a d e s ire d  b o re  can  be  s p e c if ie d . Smith (1988) s ta tes  th a t ’th ese  
m ethods (in p u t im pedan ce  m easurem ents, fo r  exam ple) a re  u n ab le  to  
d is t in g u ish  betw een  in stru m en ts  ju d g e d  to  be "g o o d , b u t  d if fe r e n t " , and  
e v e n  h ave d if f ic u lty  sh ow in g  a d if fe r e n c e  b etw een  "g o o d "  and "b a d " . So 
it  w ou ld  a p p ea r  th a t a seem in g ly  k n ow led gea b le  im pedan ce m odification  
may n ot n e ce s s a r ily  re s u lt  in  a " b e t t e r "  instrum ent. H ow ever, assum ing  
th a t som e d e fin ite  c r it e r ia  can  be  e s ta b lish e d  th e  a n a ly s is  o f  th e  CAD 
a p p ro a ch  can  now  con tin u e .
The in p u t  im pedan ce , Z (w ), in p u t im pulse r e s p o n s e , i ir ( t )  and b ore  
r e c o n s tr u c t io n , a (x ), o f  a co n e  2m in le n g th  and  w ith  ra d ii o f  1cm an d  
1.5cm at th e  in p u t and  o u tp u t  are  sh ow n  in  F ig s .(7 .16a) to  (7 .16c).
The Z(w) c u r v e  w ill be  m od ified  u s in g  th e  w e ig h tin g  fu n ctio n ,
W (f), d e fin e d  b y
W (f) = 1 -  m cos[(f-fi)T r ./(f2 -fi))3  ...(7 .3 )
The form  o f  th is  fu n c t io n  is  sh ow n  in  F ig .(7 .17 ), m is  ch o se n  to  
be  0.6 in th e  fo llow in g  exam ples. The w e ig h tin g  is  a p p lied  to  b o th  th e  
rea l and  im agin ary  p a rts  o f  th e  im peda n ce , b o o s t  is  ob ta in ed  th ou g h  
m ultip lication  w ith  W (f) and  r e d u c t io n  th ro u g h  d iv is ion .
7.5 The effect of impedance modifications on calculated bore.
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Fig. (7.1u) ■ The iir(t) of an approximate trombone leadpipe 
profile.
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Fig.(7.16a) s Unmodified input impedance of the cone.
Amp i i tude
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Fig.(7.16c) : Bore reconstruction from unmodified input
impedance.
Fig’s .(7 .1 8 a -c )  show  th e  Z (w ), i ir ( t ) ,  and  a (x ) o f  th e  co n e  w ith  
th e  f i r s t  im pedan ce peak  in c re a s e d  in  am plitude. The c o n v e r s e  e f fe c t  o f  
a r e d u c t io n  in  th e  am plitude o f  th e  same peak  is  show n  in  F ig s .(7 .1 9 a -c ) .
The e f fe c t  o f  b o th  m od ifica tion s is  to  p ro d u ce  a cu r v a tu r e  o f  the 
b ore . The same m od ifica tion s ap>p>lied to  the se co n d  im pedan ce peak  
p ro d u ce  th e  r e s u lts  show n  in  F ig s .(7 .2 0 a -c )  and (7 ,2 1 a -c ) . It  is  
p o s s ib le  to  c o n s id e r  th e  b o re  to  be  comp>osed o f  m any com p on en ts  each  
w ith  its  ow n ’ sp a tia l’ f r e q u e n c y . The f i r s t  im pedance peak  c o r r e s p o n d s  
to  th e  fu ndam enta l sp atia l com p on en t o f  th e  b o re , su ch  th a t th e  con e  
le n g th  is  eq u a l to  h a lf th e  w a v e len g th  o f  th e  fundam enta l com ponent,
The s e co n d  im pedan ce peak  o c c u r s  at apx>roximately th r e e  tim es the 
fundam enta l; m odulation  o f  th e  b o r e  re su lt in g  from  m od ifica tion  o f  th is  
peak  th e r e fo r e  o c c u r s  at a spmtial f r e q u e n c y  th re e  tim es th a t o f  the 
fu n dam en ta l sp atia l com pon en t. T h is a n a log y  allow s u s  to  p r e d ic t  
app rox im ate ly  how  m od ifica tion  o f  a g iv e n  im pedance p eak  w ill a f fe c t  
th e  b o re  o f  th e  tu b e  system ; th e  b o re  will be m odulated by  its  
c o r r e s p o n d in g  sp atia l f r e q u e n c y  com pon en t.
F ig s .(7 .2 2 a -c )  show  the e f fe c t  o f  b roa d b a n d  b o o s t in g  o f  the 
inrpedance c e n tr e d  on  540Ifz, th e  c o n v e rs e  e f fe c t  is  sh ow n  in 
F ig s .(7 .2 3 a -c ) . The e f fe c t  on  th e  b o re  is  to  p ro d u ce  a m odulation  w h ose 
sp>atial f r e q u e n c y  c o r r e s p o n d s  r o u g h ly  to  th e  ce n tre  fr e q u e n c y  o f  the  
im pedan ce b o o s t  b u t  w h ich  is  lim ited to  a r e g io n  c lo se  to  th e  in p u t o f  
th e  tu b e  system . T h is is  n ot u n e x p e c te d , as the  form  o f  th e  inrpedance 
m idband , from  th e th ird  to  e ig h th  p ea k s , v e r y  m uch d e p e n d s  011 th e  
lea d p ip e  p ro fi le , as sh ow n  in  S ection  (7 .2 .3 ).
The m od ifica tion s d e s c r ib e d  to  date have in v o lv e d  th e  am plitude 
o f  in d iv id u a l o r  a group> o f  imp>edance p eak s. The next s tep  w ould be  to  
c o n s id e r  sh ift in g  th e  im pedan ce p ea k s  in  f r e q u e n c y  as w ell, and  u s in g  
actu a l m easured  in stru m en t imp>edances as so u rce  data.
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Fig.(7.17) ; Form of the weighting function W(f).
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Fig.(7.18a) ; Input impedance of the cone with boosted first
peak.
Amp I i  tude
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Fig.(7.18c) : Bore reconstruction of cone with boosted first
impedance peak.
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Fig.(7.19a) s Input impedance of cone with reduced first peak.
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Fig.(7.19b) : Iir(t) of cone with reduced first impedance peak.
Rad i us(mm)
D i s t a n c e ( c m )
Fig.(7.19c) : Bore reconstruction of cone with reduced first
impedance peak.
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F i g . (7.20a) ; Input impedance of cone with boosted second peak.
Amp I i  tude
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Fig.(7.20c) : Bore reconstruction of cone with boosted second
impedance peak.
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Fig.(7.21a) : Input impedance of cone with reduced second peak.
Amp Ii tude
Fig.(7.21b) : Iir(t) of cone with reduced second impedance peak.
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Fig.(7.21c) : Bore reconstruction of cone with reduced second
impedance peak.
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Fig.(7.22a) t Input impedance of cone with broadband boost
centred on 540Hz.
Amp I I t u d e
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Fig.(7.22c) ; Bore reconstruction of cone with broadband
impedance boost centred on 540Hz.
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Fig. : Input impedance of cone with broadband reduction
centred on 54GH2.
Amp I i  t u d e
Fig.(7.23b) : Iir(t) of cone with broadband impedance reduction 
centred on 540Hz.
Rad ius(mm)
Fiq.(7.23c) s Bore reconstruction of cone with broadband 
impedance reduction centred on 540Hz.
R ecen t r e s e a r ch  in  w ind  in stru m en t p er form a n ce  has c o n ce n tra te d  on  
th e  in te ra ctio n  o f  th e  p la y e r  w ith  th e  in stru m en t, S om m erfeldt & S tron g  
(1988), S ch u m ach er (1981), E lliott (1982). M odels h ave been  d ev e lop ed  
fo r  th e  b low in g  p r e s s u r e  g e n e ra te d  in  th e  m ou th p iece , u su a lly  fo r  the 
re e d  in stru m en ts , and w ith  k n ow led g e  o f  z (t ) o r  i ir (t )  th e  p re s s u r e  
w aveform  in th e  m ou th piece  can  be  ca lcu la ted ,
A sim ilar a p p ro a ch  d e v e lo p e d  h ere  in v e s t ig a te s  how  p re s s u r e  
w aveform s develop) and  d e ca y  at th e  in p u t o f  th e  in stru m en t, and  how  the 
re so n a n t fr e q u e n c ie s  v a r y  w ith  th e  com p lex ity  o f  th e  in p u t  sign a l. It 
is  assum ed th at a to ta lly  r e f le c t in g  so u rce  at th e  in p u t o f  the 
in stru m en t in sta n ta n eou s ly  em its a ton e  b u rs t , e ith er  a p u re  sine 
w ave o r  a m ore com plex  w aveform . T h is in p u t s ig n a l is c o n v o lv e d  w ith  
th e  to ta l in p u t p r e s s u r e  r e s p o n s e  to  an im pulse from  a to ta lly  
r e f le c t in g  s o u rc e  at th e  inp>ut o f  th e  in stru m en t (5 (t )+ iir ’ ( t ) ) ,  to  
p r o d u ce  a tra n s ie n t  p r e s s u r e  w aveform .
The b o re  to  be  u se d  in  th e  m ethod is  an app roxim ation  to  th a t o f  
th e  L a fleu r medium b o r e  te n o r  trom bon e . The in p u t invpedance o f  th is  
s t r u c tu re  is  ca lcu la ted  u s in g  th e  m ethod o f P litn ick  & S tron g  (1979),
F ig .(7 ,24 ), and  in v e r s e  F ou r ie r  T ra n sform ed  to  g iv e  z ( t ) ,  th e  tim e- 
dom ain in p u t im pedan ce. D ivision  b y  Zo, th e  c h a r a c te r is t ic  im pedance, 
g iv e s  (8 (t )+ iir ’ ( t ) ) ,  F ig .(7 ,25), I i r ’ (t) is  th e  r e s p o n s e  m easu red  in 
th e  p lane o f  a to ta lly  r e f le c t in g  s o u r ce  at the in p u t o f  th e  in stru m en t 
w hen  th e  s o u rce  em its an imnpulse o f  a co u stic  p r e s s u r e :-  n ote  that 
i i r ’ (t) d oes  n o t in c lu d e  the in p u t im pulse. The re so n a n t fr e q u e n c ie s  
th a t ex is t  w ith th is  s o u rce  w hen  p r o d u c in g  sine w a v es  a re  eq u a l to  th e  
p ea k s  in the m agnitude o f  th e  in p u t im pedance.
A d op tion  o f  one o f  th e  r e c e n t  m odels fo r  m ou th piece  p r e s s u r e  u n d e r  
p la y in g  co n d it io n s  was a v o id ed  to  k eep  th e  a n a ly s is  sim ple, th e  main
7.6 Signal Synthesis
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P h a s e ( rad i a n s )
Magn i t u d e ( M e g Q h m s )
F r e q u e n c y ( H z )
Fig.(7.24) : The input impedance of a bore approximating that of
the Lafleur medium bore tenor.
Amp I i  t u d e
T i m e ( ms )
Fig.(7.25) s Iir'(t) of the approximate Lafleur bore calculated
from Fig.(7.24).
aim b e in g  to  exam ine how  th e  re so n a n t fr e q u e n c ie s  d ep en d  on  the 
com plex ity  o f  th e  in p u t w aveform .
In th e  f i r s t  in sta n ce  th e  in p u t s ig n a l is  a 150ms s in e  w ave tone 
b u rs t . F ig s ,(7.26) to  (7.28) sh ow  th e  ca lcu la ted  tra n s ie n ts  f o r  the 
f i r s t  th re e  re son a n t fr e q u e n c ie s , 40Ilz, 120Hz and 180Hz, th e  
fr e q u e n c ie s  o f  th e  f i r s t  th re e  x^eaks o f  th e  im pedan ce, all o f  w h ich  
show  a sm ooth  in cre a se  in  am plitude lea d in g  to  su sta in ed  osc illa tion , 
and  d eca y . F ig .(7 .29) sh ow s th e  w aveform  fo r  a n o n -r e s o n a n t  fr e q u e n c y , 
150Hz.
In x^i'actice, th e  w aveform s ty p ic a lly  p ro d u ce d  b y  a p la y e r  con ta in  
n ot ju s t  a fundam enta l b u t  o v e r to n e s  fo llow in g  th e  harm onic sp ectru m
IP(t) ~ s in (w t) + s in (2 w t) + s in (3w t) + .. + sin(m w t) ,,.(7 ,4 )
T h is se r ie s  ca n  be  e x p re s s e d  in th e  sum m ation
m
p (t )  = S s in (n w t) ,,.(7 ,5 )
n = l
The re su lta n t w aveform  is  sh ow n  in  Fig, (7.30) f o r  15 term s in  th e  
sum. The p la y e r  w ill lo ca te  a fu n dam en ta l note fo r  w h ich  th e re  is the 
b e s t  a lignm ent o f  th e  to n e s  in  p (t )  w ith  the n atu ra l re so n a n t 
fr e q u e n c ie s  o f  th e  in stru m en t; th is  is  ca lled  a ’p la y in g  f r e q u e n c y ’ .
The fundam enta l x^laying f r e q u e n c y  o f  a ty p ica l b r a ss  in stru m en t is 
som ew hat h ig h e r  in f r e q u e n c y  than  th e  f i r s t  im pedance peak  b e ca u se  th is  
g iv e s  b e tte r  alignm ent o f  th e  harm onic sp ectru m  b a sed  on  th is  
fundam enta l w ith  the im pedan ce p ea k s  (re son a n t fr e q u e n c ie s ) ,
The resx>onse o f  th e  t e s t  b o re  to  th is  new  in p u t w aveform  is show n  
in  F ig .(5 .31 ), w h ere  th e  fu n dam en ta l fr e q u e n c y  has b een  s e t  to  equ a l 
th a t o f  th e  f i r s t  im pedan ce x^eak, 40Hz. A b e tte r  re so n a n ce  is fo u n d  fo r  
th e  s lig h t ly  h ig h e r  fr e q u e n c y  o f  62Hz, F ig .(5 .32), th e  fundam enta l 
p la y in g  fr e q u e n c y . A w hole se ines o f  xJaying' fr e q u e n c ie s  can  b e  fo u n d
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Amp I i tude
Fig.(7.26) s Synthesised waveform for an input frequency of 40Hz.
Amp I i t u d e
T i m e (ms )
Fig.(7.27) s Synthesised waveform for an input frequency of
120Hs.
Amp I i tu de
Fig.(7.28) : Synthesised waveform for an input frequency of
180Hz.
Amp I i  t u d e
Fig.(7.z9) : Synthesised waveform for an input frequency of 150Hz.
Amp I i tude
T i m e ( m s )
Fig.(7.30) s Input waveform generated from eqn(7.5).
Amp I i t u d e
T i m e ( m s )
Fig.(7.31) : Synthesised waveform for an input signal fundamental 
frequency of 42Hz.
Amp I I tu d e
Fig.(7.32) s Synthesised waveform for an input signal fundamental 
frequency of 62Hz.
Amp I i  t u d e
Fig.(7.33) ! Synthesised waveform for an input signal fundamental
frequency of 126Hz.
f o r  th e  in stru m en t in  th e  same w ay. The se co n d  o c c u r s  at 126Hz,
F ig. (7 .33 ), w h ich  is  s l ig h t ly  h ig h e r  than  th e  se co n d  im pedan ce peak  at 
120Hz.
The c o n c e p t  o f  p la y in g  fr e q u e n c ie s  is w ell d is c u s s e d  b y  Wog'ram 
(1972) w ho c o n c e iv e d  th e  ’ sum fu n c t io n ’ , a m ethod o f  ca lcu la tin g  the 
p la y in g  fr e q u e n c ie s  o f  an in stru m en t from  its  in p u t im pedance. The sum 
fu n c t io n  is e x p re s s e d  as
m
SF(w ) = 1/m .S zn(nw) ...(7 .6 )
n=l
w h ere  Zr(w ) is  rea l p a r t  o f  th e  in p u t im pedance. The sum fu n c t io n  
ca lcu la ted  fo r  th e  im pedan ce o f  F ig .(7 .24) is  show n in F ig .(7 .34). F or 
th e  fundam enta l fu n dam en ta l p la y in g  fr e q u e n c y  th e re  is  a ch o ice  betw een  
42Hz, c lo se  to  th e  f i r s t  im pedan ce p eak , and 62Hz w h ere  th e  sum 
fu n c t io n  has a g re a te r  va lu e . The la tter  w ill in v a r ia b ly  be  ch o se n  b y  
th e  p la y e r  as it  lin es  u p  w ell w ith  th e  o th e r  p eak s in  S F (w ), the o th e r  
p la y in g  fr e q u e n c ie s .
A time dom ain v e r s io n  o f  Wog'ram’ s sum fu n c t io n  has been  d e r iv e d  
w h ich , f o r  a g iv e n  f r e q u e n c y , s y n th e s is e s  the p r e s s u r e  w aveform  
re su lt in g  from  th e in p u t s ig n a l d e fin e d  b y  equ ation  (7 .5 ) and 
ca lcu la tes  the  in te g ra l o f  th e  sq u a re  o f  th is  w aveform . T h is v a lu e  is  
th e  ’ time sum fu n c t io n ’ , T S F (w ), at th a t fr e q u e n c y . The TSF(w ) fo r  th e  
te s t  b o re  is  show n  in  F ig ,(7 .3 4 ).T h ere  is  g ood  ag reem en t w ith  the 
fr e q u e n c y  dom ain form u lation  fo r  th e  f i r s t  tw o p la y in g  fr e q u e n c ie s , 
a fte r  w h ich  the time dom ain m odel p r o d u c e s  e r ra tic  r e su lts .
The sum fu n c t io n  is  a v e r y  u s e fu l too l fo r  th e  in stru m en t 
d e s ig n e r , a llow ing  a ccu ra te  p r e d ic t io n  o f  th e  in ton ation  o f  the 
in stru m en t. It is  on e  o f  th e  few  te c h n iq u e s  th at s u c c e s s fu lly  re la tes  
an a co u s t ic  m easurem ent to  th e  p la y in g  c h a ra c te r is t ic s  o f  the 
in stru m en t.
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Sum F u n c t I  on
Frequency(Hz)
Fig.(7.34) s Frequency domain formulation of the sum function for 
the approximate Lafleur bore.
Sum Funct i on
Frequency(Hz)
Fig.(7.35) s Time domain formulation of the sum function for the 
approximate Lafleur bore.
The sum fu n c t io n  c o n c e p t  and im pedan ce m od ifica tion  h ave the 
XDotential o f  form in g  a u s e fu l CAD p a ck a g e . The fo rm er ca n  be  u sed  to 
g iv e  th e  b a s ic  d e s ig n  c r it e r io n  a c c u ra te ly  a lig n ed  p la y in g  
fr e q u e n c ie s , an d  the im pedan ce  m od ifica tion  te ch n iq u e  ca n  be  u sed  to  
a f fe c t  th is . A p o s s ib le  d e s ig n  p r o c e d u r e  cou ld  be
(i) M easure in p u t inqpedance o f  in stru m en t
(ii) C alcu late sum fu n c t io n
(iii) J u d g e  in ton a tion  a c c u r a c y
(iv )  Id e n t ify  s u s p e c t  im pedan ce  p e a k (s )
(v )  m od ify  im pedan ce
(v i)  ca lcu la te  new  sum fu n c t io n
re p e a t  (iii) to  (v i)  u n til s a t is fie d , th en
(v ii)  ca lcu la te  new  b o re
(v iii)  c o n s t r u c t  new x^rototype
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Chapter 8 : Summary and Discussion
This th e s is  has exam ined th e  s u b je c t  o f  tra n s ie n t  m easurem ents on  
b r a s s  m usical in stru m en ts , w ith  th e  d evelop m en t o f  a system  to  
determ ine th e  in p u t im pulse r e s p o n s e , i ir ( t ) ,  o f  in stru m en ts , S ection  
(4 .3 ). From th is  q u a n tity  th e  b o re  o f  th e  in stru m en t is  d e r iv e d ,
S ection  (5 .3 ), from  a new  im pulse r e s p o n s e  based  a lgorith m ; and th e  
in p u t im pedan ce , S ection  (5 ,1 ), is  ca lcu la ted  fo llow in g  on  from  the 
u n d e c o n v o lv e d  and  u n ca lib ra ted  w ork  o f  Benade & Smith (1981). A 
C om puter A ided  D esign  te ch n iq u e  is  d e v e lo p e d , S ection s  (7 ,5 ) - (7 .7 ) , 
w h ich  a llow s su b tle  m od ifica tion s to  an in stru m en ts ’ in p u t im pedance to  
be  re la ted  to  b o re  ch a n g e s . T h ese  te ch n iq u e s  and  th e  o th e r  main a s p e c ts  
o f  th e  th e s is  a re  now  sum m arised an d  d is cu s se d  in  deta il w ith  r e s p e c t  
to  th e  main a ch ievem en ts  o f  th e  w ork  and  s u g g e s t io n s  fo r  fu tu r e  w ork .
An experim en ta l a p p a ra tu s  f o r  th e  m easurem ent o f  th e  tra n s ien t  
r e s p o n s e  o f  b ra s s  in stru m en ts  has b een  co n s tr u c te d  th a t allow s a ccu ra te  
determ ination  o f  i ir ( t )  f o r  a b a n d w id th  o f  8kHz. The s e t -u p  is  
e sse n tia lly  th e  same as th a t u se d  b y  Deane (1986) b u t  in co rp o ra te s  
se v e ra l im portan t h ard w are  and  so ftw a re  dev e lop m en ts  w h ich  have so lv e d  
th e  d e co n v o lu t io n  p rob lem s e n co u n te re d  b y  Deane.
The sp a rk  s o u r c e  has b e e n  re p la ce d  w ith  a s o ft  dome tw eeter  
r ig id ly  co u p le d  to  th e  s o u r ce  tu b e  to  en su re  an a ir - t ig h t  seal. The 
su b s e q u e n t  im provem en t in  p u lse  re p e a ta b ility  allow s e f f ic ie n t  s ig n a l 
a v e ra g in g  w ith ou t th e  n eed  fo r  p u lse  c o n s is te n c y  c h e ck s . The low 
fr e q u e n c y  " r o l l - o f f "  o f  th e  p u lse  sp ectru m  has a form  th a t k eep s  the 
p u lse  le n g th  s h o r t  b u t  w ith  a g o o d  en ou g h  s ig n a l to  n o ise  ra tio  to
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allow  a ccu ra te  d e co n v o lu t io n  r ig h t  dow n to  the low est frequency?- sam ple 
p o in t  o f  30Hz fo r  th e  sta n d a rd  ap p a ra tu s.
The w ell b eh a v ed  lo u d sp e a k e r  p u lse  and c a re fu l ch o ice  o f  so u rce  
tu b e  geometry?- a llow s th e  u se  o f  e f f ic ie n t  FFT b a sed  d e co n v o lu tio n  
p r o c e d u r e s  in  p r e fe r e n c e  to  th e  m ore e la b ora te  time dom ain m ethods.
The lim itations o f  the p r e s e n t  a p p a ra tu s  in c lu d e  th e  in tru s io n  o f  
d .c . o f fs e t s  in to  th e  i ir (t )  and  th e  r e s t r ic te d  h igh  frequency?- 
b an d w id th  o f  8kHz. High f r e q u e n c y  lo s s e s  are  d e p e n d e n t on  so u rce  tu b e  
le n g th  and ra d iu s , a m inim isation o f  tu b e  len g th , o r  its  com plete  
rem oval, is th e r e fo r e  d es ira b le . The so u rce  tu b e  is  in c o rp o ra te d  m ainly 
to  k eep  th e  a rr iv a l time o f  s o u r ce  r e fle c t io n s  to  a maximum, aw ay from  
th e  in stru m en t r e fle c t io n  r e s p o n s e . A m ethod o f  c o r r e c t in g  fo r  so u rce  
r e fle c t io n s  in  th e  d e co n v o lu tio n  p r o c e d u r e  is d e s c r ib e d  in  S ection  
(5 .1 .2 ), th e  r e s u lts  ob ta in ed  so  fa r  h ave  p r o v e d  e n co u ra g in g  b u t do n ot 
as y e t  h ave  the  accuracy?- r e q u ire d . F u tu re  dev e lop m en ts  o f  the sy?"stem 
m ust p la ce  an em phasis on  th e se  lo s s  re d u c in g  m ethods.
I  It  has becom e c lea r  th a t w ith  th e  p r e s e n t  system  th e re  is  a tra d e ­
o f f  betw een  h ig h  f r e q u e n c y /s p a t ia l  re so lu t io n  and a c c u r a c y  o f  th e  
i ir (t )  o v e r  an ex ten d ed  time history?-. F or ca lcu la tion  o f  th e  in p u t 
im pedan ce from  th e  i ir (t )  th e  em phasis on  low fr e q u e n c ie s , below  1kHz, 
allow s a s u ff ic ie n t ly  lon g  time h is to r y  w ith  ad eq u ate  s ig n a l at the 
h igh  frequency^ limit. F or th e  b o r e  w ork  on  tru m p ets , f o r  in sta n ce , 
a c cu ra te  m easurem ent o f  th e  in p u t p u lse  sep a ra te  from  th e  in stru m en t 
r e fle c t io n  r e s p o n s e , an d  th e  d e la y in g  o f  so u rce  r e f le c t io n s  re q u ire s  
th e 6m o r  so  so u r ce  tu b e  le n g th , w ith se v e r e  lo s s  o f  h ig h  fr e q u e n c y  
signal.
It  is  o fte n  m entioned  in  th e  C h apter 4 th a t th e re  is m ore than  
on e  m e a su rem en t/d econ v o lu tion  system  th a t will p r o v id e  an a ccu ra te  
determ in ation  o f  th e  i ir (t ) .  The on e  d e v e lo p e d  a llow ed th e  m easured
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r e s p o n s e s  to  be  in  a u s e fu l form  fo r  d e co n v o lu tio n , th u s  p ro d u c in g  
a ccu ra te  i ir ( t )s ,  a lb e it  w ith  a b a n d w id th  o f  on ly  8kHz. With an 
a ccu ra te  im pulse r e s p o n s e  a se n s ib le  attem pt can  be  made at b o re  
r e c o n s tr u c t io n , a  p r o c e d u r e  th a t has b e e n  show n  to  be  v e r y  se n s it iv e  to  
n o ise , Deane (1986). The r e s u lts  o f  S ection  (5 .3) show  th a t the 
m e a su re m e n t/d e co n v o lu tio n  sy stem  is  a ccu ra te  e n ou g h  to  allow  th e  b ore  
r e c o n s tr u c t io n  to  w ork  an d  x^roduce e n co u ra g in g  r e s u lts . The next stex> 
r e q u ir e d  is  th e r e fo r e  a m od ifica tion  o r  r e d e s ig n  o f  th e  system  to  
in cre a se  th e  u p p e r  b a n d w id th  lim it w h ils t  m aintaining a c c u r a c y  o v e r  the 
w hole  ban d w id th .
The com pact apx^aratus d e s c r ib e d  in  S ection  (4 .7 ) is  a  sim ple 
d ev e lop m en t o f  th e  e q u iv a le n t sy stem  d e s ig n e d  b y  Deane (1986). 
Im p rovem en ts in  p u lse  r e p e a ta b ility  g re a t ly  en h a n ce  th e  e f f ic ie n c y  o f  
th e  sy stem , and  th e a c c u r a c y  o f  th e  a p p a ra tu s  in  d e te c t in g  small 
d if fe r e n c e s  in  in stru m en t s t r u c tu r e  is  illu stra ted  w ith  a m easurem ent 
o f  v a lv e  dex^ression in a  tru m pet. A v e r s io n  o f  th is  ax>paratus has b een  
in sta lled  at R ich ard  Smith (M usical In stru m en ts) Ltd, in  L on don  fo r  th e  
m easurem ent o f  tru m p ets .
The main u se  o f  th is  sy stem  is  in th e  mass p r o d u ct io n  o f  
in stru m en ts . The tra n s ie n t  r e s p o n s e  o f  a pi-ototypje ca n  be  s to re d  on  a 
com p u ter  and  com p ared  w ith  th a t o f  e v e r y  in stru m en t com ing o f f  the  
p ro d u ct io n  line. A ny d i f fe r e n c e s  d e te c te d  can  be  re la te d  to  s tru c tu ra l 
v a r ia n ce s  in  th e  te s t  in stru m en t w h ich  can  th en  be  c o r r e c t e d  b e fo re  
r e -t e s t in g . In  th e se  ca se s  th e  a ctu a l b o re  o f  th e  in stru m en t is  not 
r e q u ir e d :-  on ly  th a t th e  b o re  d oes  n ot d i f fe r  from  th e  prototyx^e b y  a 
s ig n if ic a n t  am ount at a n y  p o in t  a lon g  th e  axis o f  th e  in stru m en t. Due 
to  th e  minimal so u rce  tu b e  le n g th  o f  o n ly  lm  or  so  the b an d w id th  is in 
e x ce ss  o f  10kHz in  th is  system . F u rth er  m inim ization o f  tu b e  le n g th  
w ou ld  in cre a se  th e  overk rp  be tw een  in p u t x^ulse and  r e fle c t io n  r e s p o n s e ,
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an e f fe c t  th at te n d s  to  u p s e t  th e  arith m etic  d iffe ren c in g ' as small 
d if fe r e n c e s  are  su p er im p osed  on to  la rg e  sign a l lev e ls .
The ch o ice  o f  lo u d sp e a k e r  o v e r  sp a rk s o u r ce  in  th is  system  
g re a t ly  im p rov es  re p e a ta b ility  a lth ou g h  w ith le ss  h ig h  fr e q u e n c y  
e n e r g y . The main ex is tin g  lim itation  is  com pen sation  fo r  tem p era tu re  
v a r ia tion s . Deane (1986) ou tlin ed  th e  c o n c e p t  o f  lin k in g  th e  sam pling 
ra te  o f  data a cq u is it ion  to room  tem p era tu re , a te ch n iq u e  w h ich  allow s 
re lia b le  com p a rison  o f  in stru m en ts  m easu red  on  d if fe r e n t  d ay s. A d op tion  
o f  th is  te ch n iq u e  in to  th e  com p act system  w ould  g re a t ly  in cre a se  its 
e f fe c t iv e n e s s  in  the m a n u fa ctu rin g  en v iron m en t.
A m odified  tra n s ie n t  m easuring' a p p a ra tu s  is  p re s e n te d  that allow s 
th e  i ir (t )  to  be  determ in ed  a c c u ra te ly  o v e r  a lo n g e r  time p e r io d  b y  use 
o f  an in cre a se d  s o u rce  tu b e  le n g th , th e  requ irem en t f o r  ca lcu la tion  o f  
the in p u t im pedance. The bu lk  o f  th e  ex tra  len g th  is  ta k en  u p  b y  co ile d  
p la st ic  tu b e  w h ich  has an a tten u ation  ch a ra c te r is t ic  little  d if fe r e n t  
from  th at o f  b ra ss . A r e d u c e d  sam pling ra te  g iv e s  a b a n d w id th  o f  1kHz 
at a r e so lu t io n  o f  4Hz. D esp ite  th e  lo n g e r  so u rce  tu b e , a tten u ation  
d oes  n ot p o s e  a n y  iDroblems at th e  u p p e r  ban d w id th  limit. It  is  fou n d  
th at e v e n  w ith  a so u r ce  tu b e  le n g th  in cre a se d  to  34m p rob lem s w ere  
e n co u n te re d  w ith  tru n ca tio n  o f  th e  m easured  r e s p o n s e s , in p u t p u lse  and 
in stru m en t r e fle c t io n  r e sp o n se . S u ch  tru n ca tion  e r r o r s  s ig n ifica n tly  
a f fe c t  th e  am plitude o f  th e  ca lcu la ted  in p u t im pedance a lth ou gh  th e  
g en era l im pedan ce ’ iDrofile5 is  la r g e ly  u n a ltered . A fu r th e r  in cre a se  in 
s o u rce  tu b e  le n g th  is  th e r e fo r e  n e c e s s a ry  to  en su re  th a t th e  m easured 
r e s p o n s e s  h ave com p lete ly  d e ca y e d  b e fo r e  th e  tru n ca tio n  iDoint,
The in p u t imiDedance is  still v e r y  m uch th e  main q u a n tity  u sed  in  
d is c u s s in g  th e  a co u s t ic s  o f  b ra s s  in stru m en ts . The a b ility  to  determ ine 
it  from  tra n s ie n t  m easurem ents is  o f  g re a t  a d v a n ta g e  as one one 
m easurem ent system  n eed  be  u sed . Its  m easurem ent in  th e  fr e q u e n c y
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The m ethod in tr o d u ce d  in  S ection  (5 ,1) n eed s  fu r th e r  re fin em en t to  
elim inate the ca lib ra t ion  e r r o r s  th a t s till rem ain.
The in tern a l f ie ld  o f  a fr e n c h  h orn  b e ll is exam ined th ro u g h  
sp a ce -tim e  an a ly s is . The r e s p o n s e  o f  th e  h orn  to  th e  in p u t  o f  the 
lo u d sp e a k e r  tra n s ie n t  is  m easu red  as a fu n c t io n  o f  axial and rad ia l 
p os it ion  in  th e  horn . When d e c o n v o lv e d  w ith  the in p u t tra n s ie n t  the 
re s u lt  is  th e  to ta l time r e s p o n s e  to  an  im pulse o f  a co u s t ic  p r e s s u r e  at 
all lo ca tion s . S p a ce -tim e  d iagram s are  c o n s tr u c te d  w h ich  allow s 
an a ly s is  o f  th e  w a v e fie ld  w ith in  th e  h orn . R e fle cted  w aves are  ea s ily  
id e n tifie d  and the ch a n g e  in  sh ap e  o f  th e  in c id e n t im pulse as it 
tra v e ls  dow n th e  h orn  illu s tra te s  th e  e f fe c t s  o f  b o re  ch a n g e  and 
d isp e rs io n .
A lth ou gh  ra th e r  im p ra ctica l, r e q u ir in g  m any m easurem ents and 
s ig n if ica n t  data p r o c e s s in g , a u s e fu l se r ie s  o f  d iagram s w ou ld  show  
p r e s s u r e  as a fu n c t io n  o f  lo ca tion  w ith in  th e  in stru m en t; one diagram  
fo r  ea ch  time po in t. T h is s e r ie s  o f  d iagram s w ou ld  show  p h y s ica lly  the 
p r o g r e s s io n  o f  th e  in p u t im pulse a lon g  th e  h orn , a llow ing  deta iled  
exam ination  o f  th e  sh ap e  o f  th e  w a v e fron t.
The in v e rs e  prob lem  o f  d eterm in in g  the a rea  fu n c t io n  o f  an 
in stru m en t from  its  tra n s ie n t  r e s p o n s e  is d is cu s se d  and th e  m ethod o f  
S on d h i & R esn ick  (1983) is  exp la in ed . An a ltern a tiv e  m ethod w h ich  is  
o fte n  u se d  and  is  b a sed  on  i ir ( t )  is  exp la ined  in deta il. The in c lu s ion  
o f  s e c o n d a ry  as w ell as p r im a ry  w ave p a th s g iv e s  an im provem en t in  th e  
r e c o n s tr u c t io n  o f  a con e . The e f fe c t  o f  lo s s e s  on  th e  r e c o n s tr u c te d  
b o re  p r o fi le  is  illu stra ted  f o r  th e  ca se  o f  a sp e c ia lly  d e s ig n e d  
ca lib ra t ion  tu b e .
It is  d if f ic u lt  to  fu lly  a ss e s s  th e  ca p a b ility  o f  th e  p r e s e n t  
a lgorith m  in  u se  du e to  th e  lo s s  o f  h igh  fr e q u e n c y  s ig n a l in th e  s o u rce
domain requires careful set up and calibration for accurate results,
tu be . In  a b ra ss  in stru m en t th e re  a re  d e s ig n e d  ra d iu s  v a r ia t ion s  o f  
le s s  th an  a th ou sa n d th  o f  an in ch  o c c u r r in g  o v e r  th e  d ista n ce  o f  a few  
mm. A ban d w id th  o f  a rou n d  15-20kH z is  re q u ir e d  f o r  su ch  a ccu ra te  w ork , 
com pare th is  w ith  th e  8kHz w e h a v e  at p re se n t. C on sid era b le  system  
r e d e s ig n  is r e q u ir e d  to  ob ta in  su ch  an in cre a se  in  ban d w id th .
The ex is tin g  a lgorith m s f o r  b o r e  r e c o n s tru c t io n  all assum e p lane 
w ave p ro p a g a tio n  th r o u g h  tu b u la r  sy stem s w h ere  th e  b o re  v a r ie s  s low ly  
in  th e  axial d ire c t io n . B rass in stru m en ts  h ave ra p id ly  f la r in g  bells  
w h ich  do  n ot ex h ib it  th is  p r o p e r ty . A lso, at th e  m outh o f  th e  b e ll the 
tu b e  d isa p p ea rs  a lto g e th e r  as th e  w a v es p rop a g a te  in to  fr e e  sp ace . The 
i ir (t )  b a sed  a lgorith m  d e r iv e d  in  S ection  (5 .3.2) a llow s g o o d  
r e c o n s tr u c t io n  u p  to  w h ere  th e  b e ll f la re s  r a p id ly :-  th e  la st 10-15cm s. 
F u tu re  dev e lop m en ts  o f  th is  m odel m ust id e n t ify  th e  non  p lane w ave 
e f fe c t s  in  th e  be ll and th e  lo ca l p ro p a g a tin g  co n d it io n s  a rou n d  b en d s  
fo r  in sta n ce . With th ese  elem ents id e n tifie d  and  app rox im ately  lo ca ted  
a m ore com plete  m odel can  be  u sed  to  determ ine th e  b o re  b y  a b e s t  f it  
p r o c e d u r e  o f  p r e d ic te d  to  m easu red  im pulse re sp o n se ,
A new  m odel fo r  p r e d ic t in g  th e  in p u t im pulse r e s p o n s e  o f  tu b u la r  
s tr u c tu r e s  is  p r e s e n te d  w h ich  assum es th e  s t ru c tu re  to  com p rise  equ a l 
le n g th  coaxia l cy lin d e rs . The term in atin g  im pulse r e s p o n s e  is 
p ro p a g a te d  b a ck  th ro u g h  th e  s t r u c tu r e  to  the in p u t b y  a tra n s fe r  
a lgorith m  w h ich  u ses  m ultip le co n v o lu tio n s . The in c lu s ion  o f  lo s se s  
in to  th e  tr a n s fe r  a lgorith m  is  ea s ily  fa c ilita ted , sim ply  r e q u ir in g  on e  
m ore con v o lu tion . R esu lts  a re  p r e s e n te d  fo r  sim ple tu b e  system s and an 
approxim ate tru m p et b ore .
Experim ental r e s u lts  are p re s e n te d  fo r  tru m p ets , trom b on es , 
a lp h o rn s  an d  se rp e n ts . The nom inal b o r e s  o f  th e  tru m p ets  a re  p re d ic te d  
to  w ith in  a b ou t 0.1mm o f  th e  a ctu a l v a lu e  b u t th e  fin e  s tru c tu re  o f  th e  
b o r e  is  n o t too  w ell r e p r o d u c e d  du e to  p rop a g a tion  lo s s e s  in  th e
The s e rp e n t  w ork  is  p a r t ic u la r ly  in te re s tin g  as r e p lica  
in stru m en ts  a re  conqpared to  an o r ig in a l B audouin  made in  1810. The 
o r ig in a l ca n n ot be  c u t  op en  fo r  a ccu ra te  exam ination o f  the in tern a l 
s t r u c tu r e  o f  th e  in stru m en t. The b o re  r e c o n s tr u c t io n  te ch n iq u e  g iv e s  
th e  m an u fa ctu rer  a ccu ra te  in form ation  on  th e  b ore  o f  th e  or ig in a l. A 
sam ple re p lic a  w as s u c c e s s fu lly  r e -w o r k e d  a fte r  it and th e  o r ig in a l 
w ere  te s te d  on  th e  a p p a ra tu s , p r o d u c in g  n oticea b le  im provem en ts in 
in ton ation .
The c o n c e p t  o f  C om puter A ided  D esign  (CAD) is  a p p lied  to  b ra ss  
in stru m en ts  b y  exam ining th e  lin k s  be tw een  in p u t im pedan ce , im pulse 
r e s p o n s e  and  b ore . The e f fe c t  o f  ty p ic a l  elem ents o f  in stru m en t b o re  on  
th e  im pedan ce are  sh ow n  w ith  a v iew  to  a n a ly s in g  w h ich  a sp e c ts  o f  a 
ty p ic a l in p u t im pedan ce p r o f i le  a re  due to  p a rticu la r  fe a tu re s  o f  th e  
b ore . A te ch n iq u e  is  d e v e lo p e d  w h ich  allow s th e  im pedan ce o f  a g iv e n  
s tr u c tu r e  to  be  n u m erica lly  m od ified . A b o re  r e c o n s tr u c t io n  b a sed  on  
th is  new  im pedan ce  is  th en  p e r fo rm e d  to  in v e s tig a te  how  th e  b ore  
p ro fi le  is  m odified . The te ch n iq u e  is  illu stra ted  fo r  a shallow  con e  2m 
in  len g th . So fa r  o n ly  im pedan ce peak  am plitudes h ave  b een  a ltered . The 
te ch n iq u e  n eed s  to  be  e x ten d ed  to  allow  a peak  to  be  sh ifte d  in 
f r e q u e n c y  also.
The bu ild  u p  o f  p r e s s u r e  w aveform s w ith in  an approxim ate trom bon e 
b o re  h ave b een  ca lcu la ted  th r o u g h  c o n v o lu t io n  o f  a g iv e n  in p u t w aveform  
w ith  (6 (t )+ iir 5(t ) )  f o r  th e  b o r e , w h ere  i i r ’ (t) is  the in p u t im pulse 
r e s p o n s e  fo r  a tota lty  r e f le c t in g  so u r ce  at the in p u t o f  th e  
s tr u c tu re . In itia lly  th e  in p u t s ig n a l w as ch o se n  to  b e  a sin e  w ave o f  
f r e q u e n c y  eq u a l to  th at o f  a g iv e n  im pedan ce peak . R eson an ce  was fo u n d  
as e x p e c te d  fo r  th e  f i r s t  fo u r  im pedan ce peak  fr e q u e n c ie s  and  no 
r e so n a n ce  at a fr e q u e n c y  m idway betw een  tw o p eak s. The in p u t s ig n a l w as
source tube.
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th en  ch a n g e d  to  a com plex  w aveform  com p ris in g  th e  harm onic se r ie s , A 
d if fe r e n t  se ines o f  r e so n a n t fr e q u e n c ie s  is  th en  fo u n d , re la ted  to  the 
’ p la y in g  f r e q u e n c ie s ’ d is cu s s e d  b y  W ogram (1972). A time domain 
form u lation  o f  W ogram ’s ’ sum fu n c t io n ’ w as in tro d u ce d  and re su lts  
ca lcu la ted  fo r  th e  te s t  b o re . G ood agreem en t w as fo u n d  b etw een  th e  
tim e- and  fr e q u e n cy -d o m a in  m eth ods u p  to  a g iv e n  fr e q u e n c y  a fte r  w h ich  
th e  time dom ain form u la tion  p r o d u c e s  u n p re d ic ta b le  re su lts .
It is  s u g g e s te d  th a t im pedan ce m od ifica tion  and s ig n a l sy n th e s is  
may form  th e  b a s is  o f  a u s e fu l CAD p a ck a g e , a llow ing  th e  in stru m en t 
d e s ig n e r  to  th e o re t ica lly  m odel th e  a cou stica l b e h a v io u r  o f  a p oten tia l 
p r o d u ct . R elating s c ie n t if ic  m easurem ents to  s u b je c t iv e  p er fo rm a n ce is  
on e  o f  th e  g re a t  p rob lem s o f  a co u s t ic s ; n ot ju s t  in  m usical in stru m en t 
r e s e a r c h  b u t in au d io  d e s ig n  f o r  exam ple. The num ber o f  a d je c t iv e s  u se d  
to  d e s c r ib e  th e  sou n d  o f  a lo u d s p e a k e r  ru n s  to  a b ou t 20 o r  30; " fa s t " ,  
"s lo w ” , " d r y  b a s s " , "sw e e t  t r e b le "  e tc . A lth ou gh  th e re  a re  many g ifte d  
d e s ig n e r s  w ho re g u la r ly  p r o d u ce  g ood  d e s ig n s  w ith  v e r y  d e fin ite  
s u b je c t iv e  qu a lities , the la r g e r  com pan ies are  o n ly  now  s ta rtin g  to 
r e s e a r ch  the lin k s betw een  m easurem ent and p e rce p t io n . It  w ou ld  seem 
a p p ro p r ia te  th a t th e  same e f fo r t  is  now  made in  th e  fie ld  o f  b ra ss  
in stru m en t d e s ig n , r e c e n t  d ev e lop m en ts  in  th e  th e o r y  o f  re g e n e ra t io n  
ce r ta in ly  make th is  a fea sa b le  p ro p o s it io n .
Appendix 1 : Computer Program Listings
GFA BASIC
(1) B orerec  : B ore r e c o n s tr u c t io n  a lgorith m , Prim ary w a v es  on ly
Rem 444 P rogram  B o re re c  444
K%=9
N%=100
Rem 444 Dimension arra y s 444
Rem 444 Ir  : m easu red  im pulse r e s p o n s e  444
Rem 444 R : calculated reflection  coefficien ts 444
Rem 444 S : ca lcu la ted  areas 444
Rem A : calculated radius 444
Dim Ir(N%)
Dim R(N%)
Dim S(N%)
Dim A(N%)
Rem 444 re a d  im pulse r e s p o n s e  data 444  
In p u t " in p u t  im pulse r e s p o n s e  filenam e",D $
Rem 444 re a d s  rea l and im ag in ary  p a r ts  
Rem 4 **  d is r e g a r d s  im a g in a ry ,(x) 444  
Open " i" ,£ l,D $
F or I%=0 To N%-1 
In p u t £ l,Ir {I% ),X  
Next 1%
Close £1
Rem 4*4 s u b tr a c t  o f f  d .c . o f f s e t  445k 
In p u t " in p u t  d .c . c o r r e c t io n "  ,Dc 
F or I%=0 To N%-1 
Ir(I% )= Ir(I% )-D c 
Next 1%
Rem 44--k re c o n s tr u c t io n  a lgorith m  44*
R (0 )= lr (0 )
Rem 444 in itia l ra d iu s = l => area=p i 4 **
S(0)=P i
S (1 )= S (0 )4 (1 -R (0 )) /(1 + R (0 ))
Sum -1
For I%=1 To N%-2
S u m = S u m 4 ( l -R ( l% - l ) ) * ( l+ R ( l% - l ) )
R (I% )=Ir(I% )/Sum
S(I% +1)=S(I% )4(1-R (I% ))/(1+R (I% ))
Next 1%
Rem 444 c o n v e r t  area  (S ) to  e f fe c t iv e  ra d iu s  (A) 444 
Rem 444 ca lib ra te  w ith  so u rc e  tu b e  ra d iu s , Sr 444 
Sr=0.01
For I%=0 To N%-2
A (I% )= S q r(S (I% )/P i)4 S r  
Next 1%
Rem 444 p lo t  data 444 
Cls
F or I%=0 To N%-3
Line I% 44,-A (I% )45000+400,(I% +l)44,-A (I% +l)*5000+400
A l . l
Next 1%
Rem o u tp u t data ***
O pen Ho " ,£ 2 ,"b o r e .d a t "
For I%=0 To N%-2 
A $=Str$(A (I% ))
P rin t £2,A$
Next 1%
C lose £2 
S top
(2) B orerecm  : in c lu d e s  s e c o n d a r y  w aves
Rem ***  P rogram  B orerec  ***
K%=9
N%=50
Rem ***  D im ension a r ra y s  ***
Rem ***  ir  : m easu red  im pulse r e s p o n s e  ***
Rem ***  r  : ca lcu la ted  r e f le c t io n  c o e f f ic ie n ts  *+*
Rem ***  s : ca lcu la ted  areas
Rem ***  a : ca lcu la ted  ra d iu s  ***
Dim Ir(N%)
Dim R(N%)
Dim S(N%)
Dim Sum(N%)
Dim A(N%)
Rem ***  rea d  im pu lse r e s p o n s e  data ***
Rem ***  r e a d s  rea l and im aginar3r p a r ts , d is re g a r d s  im agin ar3r,(x ) 
O pen Mi f,, £ l ,nir .d a t"
F or I%=0 To N%
In p u t £ l,Ir (I% ),X  
Ir(I% )=Ir(I% )
Next 1%
C lose £1
Rem ***  s u b tr a c t  o f f  d .c . o f f s e t  ***
Rem ***  r e c o n s tr u c t io n  a lgorith m  ***
R (0 )= lr (0 )
Rem in itia l ra d iu s= l => area= p i +**
S(0)=P i
S (1 )= S (0 )'K 1 ~ R (0 ))/(1 + R (0 ))
S u m (0 )= l 
F or I%=1 To 2
S u m (I% )= S u m (I% -l)* (l-R (I% ~ l)) '+ (l+ R (I% -l))
R (I% )=Ir(I% )/Sum (I% )
S(I%-I-1)=S (!% )*( 1 -R (I% ))/(1+ R (I% ))
Next 1%
F or I%=3 To N%~1
S u m (I% ty S u m /I% -l)* (l-R (I% -l))* (l+ R {I% ~ l))
Sum l=0
For J%=(I%~1) To ( ln t (I% /2 )+ l)  S tep  -1  
F or K%=(I%~(I%“ J%)*2) To 1 S tep  -1
Sum l=Sum l+Sum U £% -l)*R(J% )*R(K % +(I% -J% ))*-R(K % )
Next K%
Next J%
Ir(I% )= Ir(I% )-S u m l 
R (1%) = Ir  {1%) /S u m  (1%)
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S (I% +1)=S (I% )*(1 -R (I% ))/(1+R (I% ))
Next 1%
Rem ***  c o n v e r t  area  (s ) to  e f fe c t iv e  ra d iu s  (a) *** 
Rem *** ca lib ra te  w ith  s o u r ce  tu b e  ra d iu s , s r  *** 
Sr=0.005
F or I%=0 To N%-1
A (I% )= S q r(S (I% )/P i)*S r  
Next 1%
Rem ***  p lo t  data ***
Cls
Line 0,375,200,275 
B’o r  I%=0 To N%-2
Line I% *4,-A(I% )*5000+400,(I% +1)*4,-A (I% +1)*5000+400 
Next 1%
S top
Rem ***  o u tp u t data ***
In p u t "o u tp u t  file  ",P$
Open "o ",£ 2 ,P $
F or I%=0 To 48 
A$=Str$(A (I% ))
P rin t £2,A$
Next 1%
C lose £2 
S top
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